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ATTENTION AUTHORS 


The editorial board hopes to receive for review as many 
papers as possible from the October 1960 Convention. 
Will you please send your papers to the Society Secretary, 
Audio Engineering Society, Box 12, Old Chelsea Station, 
New York 11, New York. 


Manuscripts must be double-spaced, with an original 
and two carbons for reviewers. Original and two copies 
(photostats or blueprints) of line drawings and photo- 
graphs should accompany all manuscripts. 


With your help 1961 can be a great year for the Journal. 
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JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


Portable Facilities for International Conferences 


D. D. JonEs 
142 E. 27th St., New York, New York 


There are now at least 1200 registered international conferences each year. Many of these 
convene in United Nations buildings at New York or Geneva which are well equipped for such 
gatherings. Ten to fifteen per cent of the yearly totals, however, are agencies whose substantive 
business may take them on conference missions to remote geographical areas. These are “field” 
conferences and they are often quartered in local hotels or public buildings where provisional tech- 
nical arrangements become necessary. 

To meet the specialized needs of such conferences, portable systems are employed. These are 
required primarily for the control of microphones and the distribution of oral interpretations. 
Demountable booths of light construction are also necessary for the acoustical insulation of inter- 
preters. 

Attendance at field conferences. including spectators, may range anywhere between 200 to 2000 
persons. Because of the size of the gatherings and the fact that interpretations issue simultaneously 
with proceedings in the original tongue, distribution is practicable only by means of a system 
terminating in headphones. In contemporary systems, distribution is accomplished either by means 
of a reticular audio system or inductively by means of a “wireless” system. Generally, the most 
involved aspect of the conference problem in the field is that of distribution. 

Public and private agencies, in increasing numbers, are availing themselves of oral interpreta- 
tion systems for the conduct of affairs entailing international cooperation. Many operate with 
limited budgets, and the cost of the service often proves to be a crucial matter. There is a con- 
tinuing need for improvements to bring the operating, shipping, and maintenance costs down to 
reasonable levels. 

This article briefly surveys the evolving technology relevant to portable conference systems. 
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INTRODUCTION 


ie A previous paper,' the writer discussed some of the 
essential aspects of conference system design. This paper 
dealt primarily with the installation of permanent systems 
in buildings functionally designed to accommodate inter- 
national conferences. Many international conferences, how- 
ever, also convene in parts of the world where technical 
facilities are unavailable and portable systems must be 
shipped in. The present paper discusses some of these 
systems. 

By the term “international conference,” we refer to one 
in which there is considerable variety of nationality and 
several languages are employed. Interpreters bear heavy 
responsibility for the success of these gatherings, as the 
technique of simultaneous oral interpretation is now con- 
sidered indispensable at practically any conference of poly- 
glot constituency. 


Typical Portable System 


A minimal and basic field service includes: (a) facilities 
for the control of conference and interpreters’ microphones 


1D. D. Jones, J. Audio Eng. Soc. 6, 161 (1958). 


and (b) facilities for the distribution of oral interpretations. 
Here, (a) and (b) may be considered “input” and “output” 
parts of the systems, respectively. A simplified single-line 
diagram of a portable conference system is given in Fig 1. 
Distribution methods (b), (c), or combinations of the two 
are in common usage. 


Growth Statistics 


The growth of international conference activity has 
reached unexpected proportions. During the first decade of 
international conferences, 1840-49, there was an average of 
only one such conference each year. Our most recent in- 
formation? puts the annual summation for international 
conferences at 725 in 1950, 722 in 1951, 1032 in 1952, 
1106 in 1953, and 1112 in 1954. Analysis according to 
individual fields appears in Table I. 

While France, Germany, Great Britain, Italy, Switzer- 
land, and Belgium have been traditionally favored as the 
official seats of many international conferences, there has 
been within the past ten years or so, a very marked trend 
toward all countries in the western hemisphere. 


2 Genevieve Deville “Les Reunions Internationales en 1954,” Asso- 
ciations, Palais D’Egmont, Brussels, June, 1955. 
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Field Situations 
Perhaps 10 to 15% of the totals appearing in Table I 
Tas.e I. Ideological distribution of international conferences." 


1950 1951 1952 1953 1954 


Documentation, press 16 10 17 32 13 
Religion, moral development 48 46 70 82 80 
Social and political sciences 9 13 26 53 36 
Peace, international relations 26 26 55 67 56 
Law, administration 26 19 23 32 43 
Refugee assistance 29 32 48 34 49 
Professions, syndicates 64 60 86 79 90 
Political 15 15 31 47 18 
Economies and finance 20 36 52 35 43 
Industry and commerce 44 39 53 87 77 
Agriculture, fisheries 30 27 47 58 37 
Transportation, radio 29 32 57 45 40 
Sciences, technical 103 110 125 119 189 
Hygiene, medicine, mental health 78 80 101 120 140 
Edueation, youth, family 83 75 155 116 110 
Arts, lit., culture, cinema 41 43 33 59 47 
Sports, recreational travel 16 33 37 35 31 
Miscellaneous 48 26 16 6 13 


* Data taken from reference 2. 


now represent international conferences in the field. Many 
conferences, congresses, symposia, and round tables are en- 
gaged in work which may require one or more conferences 
per year, sometimes in two or more geographical locations. 
Some of the regions in which meetings are held would have 
been considered a remote wilderness just a few years ago. 
Collectively these conferences represent formidable expendi- 
tures of time, money, and concerted intellectual effort. 

Meetings may be convened in theaters, hotels, or public 
auditoriums. On a few occasions big tents have been used. 

Hotel ballrooms, when available, often prove satisfactory 
for conferences of limited duration. There are certain dis- 
advantages, however. Prior hotel bookings, unless circum- 
vented somehow, sometimes require that technical equip- 
ment installed, say for an afternoon meeting, be completely 
removed within a few hours of meeting adjournment, to 
permit use of the same area for an evening banquet. While 
this limiting exigency is unusual and very severe, it never- 
theless is of significance to designers, as it sets the tone for 
the mobility concepts around which this portable equipment 
should be designed. 

Equipment for international conferences should be de- 
signed for prime power sources at 110/220 v, 50 or 60 cps. 
Fifty or sixty cycle power is now available in practically 
every major world capital. 


INPUT SYSTEMS 
Audio Control 


The input facility for control of microphones in the 
“floor” and interpreters channels appears in Fig. l(a). In- 
put control systems vary according to the mode of operation. 
The arrangement: shown, however, exemplifies typical prac- 
tice both here and abroad. 


Microphones are switched, not faded. Portable consoles 
usually contain provisions for the control of 20 to 30 floor 
microphones. Interpreters activate their individual micro- 
phones by means of keys, &;, which have three positions, 
two of which correspond to “active” and “inactive” booth 
positions, and the third serves to mute an active microphone 
in the event the interpreter is indisposed by coughing, etc. 
When all of these keys in a given booth are in the “inactive” 
position, the floor channel is automatically substituted for 
that of the interpreter and may be heard over the corre- 
sponding interpreters channel. 

Portable systems are usually built with channels in multi- 
ples of two up to a practical limit of eight. Six channel 
systems are most common. The circuit design techniques, 
equipment components, and performance characteristics of 
input systems are in most respects identical with those of 
professional quality broadcasting field equipment. Figure 
2 shows prototype field equipment as used by the United 
Nations a few years ago. Further developments leading to 
substantial reductions in size and weight are in progress. 

The interpreters’ units of Fig. 2(b) are now more com- 
monly arranged for two interpreters rather than three as 
shown. The booths shown in Fig. 2(c) are merely illustra- 
tive of function and not representative of any specific de- 
sign. 

The slender assemblies shown in each interpreter’s booth 
serve to provide: (a) mechanical terminations for intercon- 
necting cables, (b) branch switching circuits and volume 
controls for interpreters headsets, and (c) microphone keys 
and connectors for interpreters microphones. 

Most of the commercially available input equipment is 
designed around the vacuum tube as the active amplifying 
element. But the maximum headphone loading on any 
channel distribution amplifier A,, seldom exceeds 1 or 2 w, 
even for very large conferences. Hence, transistorization 


nf 


(1b) INDUCTION DIST. 
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Fic. 1. Block diagram of conference system with alternative dis- 
tribution methods: A,, preamplifiers; A», booster amplifier; Avs, dis- 
tribution amplifier; K;, floor microphone keys; &:, interpreter’s floor- 
to-booth key; M;, floor microphone; M,, interpreter’s microphone ; 
SW, selector switch; C, flexible multipair cable; and T, low-frequency 
transmitters. 
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of the input system amplifiers has irresistible appeal in 
view of the economies of size and weight possible. 


Portable Booths for Interpreters 


Some means of insulating interpreters acoustically is 
needed to suppress crosstalk. Unless precautions are taken, 
virtually all of the acoustical crosstalk in a multilingual 
system will originate between teams of interpreters. 

The significant causes of acoustical crosstalk are: (a) 
air-path coupling between teams of interpreters working in 
different languages, (b) air-path coupling between the floor 
and interpreters’ microphones, and (c) air-path coupling 
between an interpreter’s headset and his own microphone. 
In general (a) and (b) vary directly with transmitted band- 
width and inversely as the average density of the insulating 
partitions. But the degree of crosstalk attributable to (a) 
is very sensitive to the ratios formed by the distance be- 
tween interpreters and the positioning of microphones in 
relation to each interpreter’s mouth. This ratio is optimized 
by use of the integral headset which places the microphone 
in close proximity to the interpreter’s mouth. Such headsets 
are important for all conference work generally but indis- 
pensable for uniformly good service in the field where acous- 
tical conditions vary widely. Rough estimates show that 
if interpreters are spaced about 40 in. and use close-talking 
microphones, the average conversational sound pressure level 
from a given interpreter will be down about 23 db at the 
face of his neighboring interpreter’s microphone with no in- 
tervening partitions. Experience has shown that a crosstalk 
ratio of 35 db, desired to undesired, is the least acceptable 
for reasonably good conference service. A minimum of 12 
to 15 db of additional decoupling between teams of inter- 
preters is therefore required. 

Now the approach to the problem of insulating interpret- 
ers at field conferences takes many forms and is influenced 
by many considerations: logistics, economics, acoustics, and 


aesthetic appearance being the usual span and order of 
desideratum. 


Fic. 2. View of physical installation. 
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Fic. 3. Demountable booth for interpreters; partially enclosed. 


In general, all booths of the portable and demountable 
type fall into one of two classifications: those which are 
fully enclosed and those which are not. There are occasions 
where either may be employed. If requirements are not too 
exacting, partially enclosed booths may prove the wiser ex- 
pedient in view of the shipping economies possible. 

A type of partially enclosed booth is shown in Fig. 3. 
With certain qualifying limitations noted, booths of this 
type are occasionally useful. A type of fully enclosed booth 
currently being developed by the United Nations is shown 
in Fig. 4. Although purely experimental at this stage, 
booths of this general type appear likely to meet the most 
stringent field conference requirements. 


Partially Enclosed Booths 


Partially enclosed booths are maximally useful when: (a) 
the oral interpretation service includes but one or two chan- 
nels, (b) the booths can be located at an appreciable dis- 
tance* from any part of the primary seating area, and (c) 
interpreters employ headsets equipped with boom-mounted 
microphones. 

If partially enclosed booths can be situated close to a 
wall, temporary wall pads of sound absorbing material may 
afford some marginal reduction of cross-coupling over all 
paths. 

By judicious design of the supporting members and desk 
area, the net weight of the booth of Fig. 3, including one 
quarter-inch plastic partitioning, can be held from 82 to 85 
lb approximately. 


Fully Enclosed Booth 


Modular dimensioned panels are employed in the de- 
mountable booth of Fig. 4. There are several advantages 
to this method in addition to speedy erection and ease of 


*From 30 to 40 ft. Less if the chamber has a very short rever- 
beration time. 
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INSIDE HEIGHT 63 
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PLAN VIEW ) 
(NO SCALE) 


Fic. 4. Demountable booth for interpreters; fully enclosed. 


handling which are the main reasons for the design. Any 
practical degree of acoustical insulation may be obtained by 
substitutions in the panel materials of construction. Hence 
the average density of the panels may be altered without 
interfering with the demountability characteristic or struc- 
tural properties of the assembled booth. Panels store flat. 
This makes for convenient handling during assembly and 
economical design of transit cases. The structure is ex- 
pansible. There is occasional need for a demountable booth, 
wider or deeper than shown, to provide for functions other 
than oral interpretation. 

According to prevailing opinion, an enclosed booth which 
will seat two interpreters comfortably and still adapt well 
to the wide range of conditions encountered in the field 
should have the following inside dimensions: depth, 5 ft; 
width, 5 ft; height, 6 ft 3 in. Booths are often erected on 
platforms beneath mezzanine balconies. This explains the 
rather severe restriction on height. 

For reasons of structural design, only the inner planes 
are considered when selecting dimensions for the basic 
module. The basic module could be that dimension which 
is simply the greatest common factor of the given dimen- 
sions or 15 in. It is apparent from Fig. 4, however, that 
panels which are too small would prove disadvantageous in 
this application. Maximum safety is required. Sealing 
paths must be held to a minimum. There is need for the 
differentiation of panels into door, window, and ventilation 
units. For these reasons a 30-in. module was selected for 
the prototype. When height limitations are imposed, a half 
panel (indicated by dotted lines in Fig. 4) is employed in 
the top course. - Otherwise, where greater height is called 
for, the booth may be assembled three modules in height. 


Panel and Fastening Details 


The prototype panels are 30 in.* and 2 in. thick. They 
are constructed of hardwood frames, with an exterior face 
of 0.375 in. plywood and an interior face of 0.125 in. per- 
forated hardboard. The hollow core is cross-braced with 
stiffeners for the interior face only. Remaining cavities are 
filled with Fiberglas. The average density of the panels is 
2.3 Ib/ft®. To effect a good acoustic seal when joined, all 
panels are peripherally banded with a thin strip of live 
rubber. The average sound transmission loss through the 
panels is expected to be around 25 db.t 

Panels may be joined rigidly to each other and the corner 
posts by any fastening device which establishes a compres- 
sion force through the central plane of the panels. Several 
commercially available fasteners are being investigated. A 
simple scheme of loose plates and straight shank aluminum 
pins is employed as fastening in the prototype. The plates 
are bored with four holes, and fit loosely into receiving slots 
at the four corners of each panel. As the holes through the 
panels are similarly bored, but slightly offset, driving the 
pins creates an interference fit which results in the neces- 
sary compression force between adjacent faces. 


OUTPUT FACILITIES 


The distribution of interpretations is unquestionably the 
most complex aspect of the field system problem. Figura- 
tively speaking, the problem of distribution is three-dimen- 
sional. Adaptability, ruggedness, and reliability of per- 
formance are the important parameters of design. 


t An estimate based on published test data of the National Bureau 
of Standards, Building Materials and Structures Report 144 (Feb- 
ruary, 1955). 
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TaB_e II. Commereially available transmitters for simultaneous interpretation systems. 


Transmission frequencies in ke Mod. 
o —~ band- Manufacturers’ comments on 
Mfg. 1 2 3 4 5 6 7 Mod. Rated output width Ant. installation or operation 
IBM* 100 «112.5 125 137.5 150 162.5 175 Amp d.s.b. Not Not loop Antenna installation individual 
specified specified problem with each installation, 
Receivers to be reasonably close 
to ant. but not less than 3-6 
ft, nor more than 40 ft. 
Mutual interference may oceur 
when more than one system 
operated in a building. 
Matsushita” 136 «6152 (168) 1840 200 2160-232) Ampds.b. 200mw 300-3000 loop No information 
Philips* 50 62 74 86 98 110 Amp 4.s.b. lw Not loop Maximum distance receiver to 
specified loop about 5 m. Each transmit- 
ter coupled to common loop 
with individual series circuits 
resonating at carrier frequen- 
ey. 
Siemens* 675 90 112.5 135 180 225 Amp 4.s.b. 8w 300-3400 loop A transmitting loop of 100 to 


Siemens 4-channel 190 260 310 420 
system 


150 m used for most cases, In- 
put power to be limited to 10 
w. 

Field tests have established that 
input powers up to 10 w will 
eause no interferenee with 
other services. 

Effective resistance of 100-m 
loop varies between 5-15 
ohms. Self-induction about 
100 ph. 


* **TBM Customer Engineering Manual of Instruction’’ for IBM wireless translating system (International Business Machines Co., 


| a & * 


» «Standard Wireless System for International Conferences,’’ Technical brochure (Matsushita Communications Industrial Co. Ltd., 


Kadoma, Osaka, Japan). 


© §*Simultaneous Interpretation Systems Based on Inductive Transmission,’’ Spee Bull. for EL 7371 receivers, EL 7373 transmitters 


(Philips, Eindhoven, Holland). 


“ “Specifications of Interpreter Transmitting,’’ Siemens and Halske, R/ELA 571.204 (Wiener Schwachstromerks, Wienill, Apostel- 


gasse 12). 


Adaptability is important because of the situational vari- 
ables implied in geographical location, size, and function of 
conferences, and the physical character of the rooms in 
which they take place. Ruggedness is important because 
one seldom knows completely just how or by what means 
equipment is going to be moved in or out of the conference 
area, or for that matter, the abuses to which it will be ex- 
posed to while in service. And lastly, reliability is impor- 
tant because failures in distribution can disrupt the vital 
interpretation link. Distribution failures occurring in pri- 
mary areas+ can stop a conference, impede its work, or 
throw it into a risible or pathetic state of confusion accord- 
ing to one’s point of view under the circumstances. 

Distribution methods employing the principles of radio- 
frequency (rf) induction and audio-frequency (af) conduc- 
tion are extensively employed. Each means of propagation 
has well-known advantages and disadvantages. The rf sys- 
tems are characterized by their high adaptability, speedy 
installation, but somewhat troublesome operation. Audio- 
frequency systems are characterized by their relative diffi- 


+ Seats occupied by delegates and their advisers. 


culty of installation but characteristically dependable per- 
formance. 


Induction Distribution Systems 


Induction-type distribution systems are represented sym- 
bolically in Fig. 1(b). Such systems are manufactured by 
IBM (United States), Philips (Holland), Siemens and 
Halske (Austria), and Matsushita (Japan). Others are 
known to exist but we have little or no information about 
them. All of these systems depend for operation on the re- 
ception of amplitude-modulated signals in the induction field 
immediately surrounding a charged antenna wire. The sys- 
tems may be easily visualized as an aggregation of long-wave 
broadcasting transmitters whose service areas are equal and 
coextensive. In practice, the service area seldom exceeds 
15,000 ft?. 

While all four systems employ identical principles of 
operation, they are mutually incompatible as the various 
manufacturers have adopted differing schemes of frequency 
allocation or channel-to-channel separation. Tables II and 
III give limited comparative data for the four systems and 
clearly show this. Except for one frequency (112.5 kc) 
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Fic. 5. Loop antenna in conference room. 


commonly employed in the Siemens and IBM systems, re- 
ceivers currently obtainable for any one system cannot be 
employed to receive the full range of transmitted signals 
from any of the remaining three. This situation may have 
arisen partly because of the independent development of 
“wireless” systems in several countries, and partly because 
of the competitive aspects of commercial development. 
Agreement on standards is necessary if the systems are to 
reach their maximum potentials as a service to international 
gatherings. 


Antenna Systems 


Similar types of transmitting antennas are employed with 
all systems. A single turn horizontal loop, commonly fed 
from each transmitter, is strung about the conference room 
from walls or ceiling. The practice is illustrated in Fig. 5. 
More complicated geometries, such as double loops, figure 
eights, or zigzag affairs may also be used when unusual 
difficulties arise in obtaining a reasonably uniform field. 
Loops having a circumferential length of 70 m or less are 
very common. Occasionally a loop 150 to 200 m in length 
may be required, as in a large theater installation. 

Antennas which are very short compared to wavelength 
exhibit poor efficiency characteristics. This is generally the 
case with most simultaneous interpretation (S.I.) antennas 
as there are always practical limitations on the space and 
time available for erection. Under the most favorable cir- 


cumstances, the electrical length rarely exceeds 0.12 A but 
shorter antennas of approximately 0.01 A are the more gen- 
eral rule. This is discussed at greater length in Appendix A. 


Field about the Loop 


The field about an ideal loop is, of course, very well 
known. But the field about a practical S.I. antenna has 
always been a matter of conjecture and probably will remain 
so until experimental field plots taken under controlled con- 
ditions become available. 

Figure 5(a) denotes the ideal horizontal loop in which 
width @ is equal to or somewhat greater than 5, and a is 
smaller than about one-sixth wavelength (A,\,/a@ > 6). 
For this case, the circumferential length is then small com- 
pared to length, phase displacement is negligible, and the 
current is of constant amplitude throughout. Such a loop 
is considered as a magnetic dipole and behaves as a non- 
resonant system. The loop has a free space radiation pat- 
tern whose field in any perpendicular plane intersecting the 
axis follows a cosine function as in Fig. 4(b). This pattern 
is irrespective of the shape of the loop and is identical with 
that of the balanced and center fed vertical dipole. 

Beyond the ideal loop in the direction of maximum trans- 
mission, the power in the induction field falls off as the 
fourth power of distance. At distance r = A/2m the radia- 
tion and induction fields are equal. Thus at distances less 
than 0.159 A it is the induction field which contributes 
mainly to the received current. 


Practical Conditions of Reception 


In the practical case, the “service area” for S.I. systems 
is, of course, within the loop. But as the currents in the 
sides of the loop flow in opposite directions, the magnetic 
field may be expected to fall off at an exceedingly high rate 
because of the resultant vectorial addition of interference 
waves from the sides. Thus there is, at least theoretically, 
little or no signal energy at the center. Many buildings in 
which these systems are employed, however, are of fairly 
modern construction with steel frames and soft iron rein- 
forcing mesh. Heavy dielectric and eddy current losses 
occur and these effects probably disturb antenna relations 
to such an extent that a pattern like that of Fig. 5(b) could 
not obtain at all. But paradoxically the operating anoma- 
lies are used to good purpose. While the cosine function 
of the ideal loop appears contradictory to requirements, as 
the null points into the “service area,” the actual loop, be- 
cause of the high losses and reflections is reported* to have 
a flattened null better suited to the purpose. 


Receivers 


Information on four makes of receivers is summarized in 
Table III. Sensitivity ratings are not generally published, 
but the over-all received bandwidth claimed for the Siemens 


3K. Schmeisser and O. Wech, Tech. Ber., 8th Annual Set, No. 2 
(September, 1956). 
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Tas_e III. Commercially available receivers for simultaneous interpretation systems. 


Gross wt, 


Mfg. Mfg. code Receiver circuit Antenna Power Headset g 

IBM 214,900 6 channels —2 stages Flexible loop (serves as 11% A battery, Magnetic headset 680 
tuned rf, 1 demodula- _— carrying strap) 1 30-v B battery 
tor/output stage 
(1) 2E36 
(2) 2E42 

Matsushita 4-7 channels—transistor Ferrite rod (inside case) Layer-built dry cell Stetho clip (fork type) 200 (est.) 
cireuits BL-006P 

Philips EL 7371 6 channels—1 rf amp., Ferrite rod (inside case) 1 114-v battery Fork-type magnetic 250 
1 det/af amp. earshell 

Siemens Polyglott 6 channels— diode de- Ferrite rod (inside case) Rechargeable 1.22-v bat- Stetho clip (fork type) 200 

ELA 640 modulator, 1 rf, 2 au- tery, type DK 22.5 magnetic earset 


dio stages (3 TF65 
transistors) reflex cir- 
euitry 


and Matsushita systems is approximately 300 to 3000 cps. 
Performance of the IBM and Philips systems is believed 
about the same in this respect. All are primarily speech 
quality communications systems in which the objectives are 
to gain maximum intelligibility in the face of environmental 
and operational limitations which are frequently very se- 
vere. As receivers are used in large numbers, circulate con- 
tinuously, and are often subjected to naive handling, they 
are the critical element in all of the wireless systems. It 
has been shown that high failure rates, especially if occur- 
ring in the primary areas of a conference, can lead to em- 
barrassingly unpleasant consequences. Hence receivers must 
at the same time be sufficiently rugged for consistently 
reliable performance and still be simple enough to permit 
ready servicing in the field. In general, receiver mainte- 
nance costs tend to be high. Some manufacturers offer con- 
ventional headphones or fork types whose tips project into 
the ear canal as optional listening equipment. There is 
usually much public resistance to the latter style on hy- 
gienic grounds. 

Receivers used anywhere in the field of the antenna are 
critical with respect to orientation. When the receivers 
loop is rotated to within a few degrees of parallelism to the 
magnetic lines an almost complete drop-out of signal occurs. 
While perhaps puzzling to those unaccustomed to the char- 
acteristics of the system, this is not considered a serious 
disadvantage. 

As the radiation fields from transmitters cannot be com- 
pletely confined to rooms, there is a “nuisance area.” When 
several rooms in the same building are equipped with sys- 
tems which operate simultaneously, the rf channels are 
sometimes interlaced to avoid heterodynes. For the same 
reason, security against surreptitious eavesdropping during 
confidential meetings may be quite impossible. 


Conduction Distribution Systems 


Audio-frequency conduction systems using small gauge 
multipair cable networks antedate the use of the wireless 
induction method by many years. These systems are in- 


herently free of the propagational disadvantages of their 
more recent rf counterparts. 

The outstanding characteristics of conduction systems: 
excellent reliability, negligible electrical crosstalk and pass- 
band limited only by the terminal equipment (amplifiers 
and headphones) are ideal for conference applications. 
Now, af systems are installed in practically every perma- 
nently equipped conference room. Fully developed portable 
systems based on the same generic principle have been 
needed for a long time. 


Improvised Methods 


Of the various practices employed for the temporary wir- 
ing of a conference room, the one most frequently used is 
the relatively unsophisticated but serviceable scheme of Fig. 
l(c). Sections of cloth-covered flexible cable (usually 6 
pairs) are cut to specified lengths and the plug receptacles 
and stubs terminating in headphone selector switches are 
permanently attached. Once cut for a given room layout, 
the cables have limited adaptability for other use. Although 
they are very time-consuming to install, the service obtained 
is equal to that in a permanently equipped conference room. 


A Modular Distribution System 


Conduction-type distribution systems having improved 
adaptability are clearly necessary. The most fruitful ap- 
proach is perhaps realized by engineering conduction sys- 
tems in terms of the general problem. Principles of modu- 
lar coordination have already been discussed and applied 
in an earlier section of this paper. Modular concepts are 
applicable to this problem as well. 

The term “modular” in the sense that it is used in this 
section, refers to any conduction system in which the spac- 
ing periodicity of headphone outlets remains unchanged for 
any combination of modularly dimensioned elements in the 
system. To be fully matured, a modular-type conduction 
system must include the properties of rapid assembly, self- 
armouring, self-adjustment, and safe over-the-floor con- 
struction. 
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Fic. 6. Modular distribution system. 


The essential features of a modular system* appear in 
Fig. 6. From Fig. 6(b), it will be noted that a novel junc- 
tion concept makes the system feasible. The physical pa- 
rameters are established in terms of the junctions’ design. 

Dimension D is the basic module. For the widest possi- 
ble application the unit module should be equal to the least 
known width of standard theater seats. The London, Paris, 
and German regulations give 0.50,, (19% in.) as minimum 
width. In the U. S. the minimum is 0.51,, (20%s6 in.). A 
spacious theater seat is 0.55,, (21°6 in.) wide. By selecting 
D = 0.50,,, there will be at least one audio outlet available 
for each chair in a given row in any country. 

The unit module is proportioned into segments a and b. 
The ratio a/b is of course determined by the mechanical 
properties of the components selected for the system and is 
not particularly critical. 

The junction J has four arms: two with connectors rig- 
idly attached and two with connectors attached to the ends 
of flexible armoured tubing providing an articulated joint. 
The flexible arms may be spaced 90 or 180 mechanical de- 
grees, either way is satisfactory. In practical use, the flex- 
ing of any arm will probably not be more than 15 to 20 
degrees. Every straight section S is constructed in mul- 
tiples of D. Practical considerations appear to limit the 
maximum length of straight sections to 5D or 6D (2.5-3.0,,). 
As shown in Fig. 6(b), every straight section terminates in 
a flexible @ segment at one end and a rigid b segment at the 
opposite end. 

No matter how the system is plugged together, correct 
polarization is automatically achieved. Accidental inversion 
of the sequence of language channels cannot occur. 


!'D. D. Jones, U. S. Patent 2,798,172 “Portable Distribution Sys- 
tem” (July, 1957). 


A British Approach to the Problem 


A rigid element conduction-type system is currently avail- 
able from at least one manufacturer (Recorded Sound Ltd., 
London) in Great Britain. 

The available advertising brochure shows that the ele- 
ments of this system are designed for attaching to the rear 
of chair and tops of conference tables. Each rigid element 
serves not only to house wires and connectors but jacks and 
selector switches for the headphone circuits as well. 

Headphones are simply plugged into the rigid element 
directly. The weight is estimated to be about the same as 
the modular system previously described; i.e., approximately 
0.77 kg per outlet. 


ONE ASPECT OF SHIPPING ECONOMICS 
Comparative Shipping Weights—Induction Versus 
Conduction Output Systems 

The cost of shipping conference equipment always ranks 
high in the budget of any agency engaged in the organiza- 
tion of field conferences. Shipping costs are, of course, di- 
rectly influenced by weight, volume, and distance and to 
some extent the fragility of contents. 

The weight of the input system of Fig. 2 is related to the 
number of channels of interpretation but independent of the 
size of the conference. The input system comprises all con- 
trol equipment as well as portable booths for interpreters. 
As shown in the block diagram (Fig. 1), the input equip- 
ment is usually and easily provided with audio output am- 
plifiers A, of sufficient capacity to drive an induction sys- 
tem, a conduction system, or some combination of the two. 
The aggregate weight of a given input system may be con- 
sidered substantially irreducible as there are scarcely any 
modal alternatives. But the aggregate weight of the output 
system is directly related to the size of the conference as 
measured by the number of seats in a room. Since induc- 
tive or conductive systems are very often alternative possi- 
bilities as distribution systems it is important to compare 
their relative aggregate weights. 

These relations have been plotted graphically in slope 
intercept form and appear in Fig. 7. The weight statistics, 
equations, and assumptions used in preparation of the curves 
are given in Appendix A. It is clear from the curves of 
Fig. 7 that there are well-defined ranges of seating over 
which either an induction- or conduction-type distribution 
system can show the greater advantage in terms of aggre- 
gate weight. 
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Fic. 7. Graph of comparative weight data-distribution systems. 


APPENDIX A 


The equations for the various systems given in Table IV 
are: 


IBM yo=mx+t+ by, (Al) 
Philips ¥ = mox + de (A2) 
Siemens y= mx + bz (A3) 
Flexible cable y= myx (A4) 
Rigidelement y= m;x (AS) 


where y is the aggregate weight of the output system; x is 
the number of seats; and 3 is the total net weight of seven 
transmitters; and 6 = 0 in Eqs. (A4) and (AS). 

The points of intersection P;, P2, P;, Ps, and P; (not 
shown in Fig. 7) give values of x and y which are identical 
for given pair of systems. Equating (A3) and (A5) to get 
P,, m3x + b3 = m;x 


x = —b/(mz—m;) = 316 seats from which 
y = 243.3 kg. 


Similarly equating 


(A3), (A4) toget P2 x= SOOseats y= 280 kg 
(A2), (A4) toget Ps; x= S80seats y= 324.8kg 
(A2), (A5) togetP, x= 346seats y= 266 kg 
(A5), (Al) toget P; x —2000seats y= 1540 kg. 


1. All figures are for uncrated equipment. 
2. Systems 1, 2, 3 are normally shipped with seven trans- 
mitters (1 spare). Transmitter weights not given in manu- 


TaBLe IV. Weight statistics used in preparation of Fig. 7. 


Receivers, Transmitters, Wt. per headphone 
System kg kg outlet, kg 
1. IBM (m,) 0.68 (b,) 180 
2. Philips (m,) 0.25 (b.) 180 
3. Siemens (m,) 0.20 (b,) 180 
4. Flexible cable (m,) 0.56 
5. Rigid element (ms) 0.77 
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facturer’s bulletins, so the value of (5;), considered repre- 
sentative, is assumed for all three. 

3. The m; is estimated average weight per seat for two 
rigid element systems (U. S. and British). 

4. Weight of headphones is same for any system and not 
included in the analysis. 

5. Matsushita system is not represented in Fig. 7 as the 
information was received too late for inclusion. 


APPENDIX B 


The efficiency of an antenna is determined from a knowl- 
edge of its resistance components and is defined as P,/P,,, 
where P, is the useful radiated electromagnetic energy and 
P\, equals the radio frequency power supplied to the an- 
tenna. 

The total effective resistance R, of an antenna is consid- 
ered as a series circuit in which the radiation resistance and 
other resistance components attributed to losses are consid- 
ered as acting in series. 

For electrically short antennas, the radiation resistance 
becomes a small fraction of R, and much of the power avail- 
able is wasted. 

It has been shown by Hund’ that three resistance compo- 
nents form R, so that, 


R, = R, + Ro + Rg. (B1) 
where R, is the effective resistance (at input terminals of 
antenna), R; is the radiation resistance, which varies as F*, 
and Rz is the effective resistance of antenna wire itself in- 
cluding eddy currents induced in surrounding objects. This 
varies as \ F, and Rz is the loss in surrounding dielectrics 
which varies inversely as F. 
Thus the radiation efficiency: 


E, = P,/Pw (B2) 
= [*°R,/I°R, (B3) 

or simply 
E, = Ri/(Ri + Ro + Rs) (B4) 


as the current is the same in both cases. 


The effective resistance for a 100-m S.I. antenna is shown 
in Table II as varying between 5 to 15 ohms. Curves of 
R, vs antenna length, available in standard handbooks, 
indicate vanishingly small values for antennas shorter than 
A/10. 

The transmitting bands, given in Table V, extend up- 
wards of 6000 m. Since there are such severe practical 


5 A. Hund, Phenomena in High-Frequency Systems (McGraw-Hill 
Book Company, Inc., New York, 1936, first edition). 
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TaBLE V. Transmission bands—wireless 8.1. systems. 


System ke m 
IBM 100 -175 2998-1713 
Matsushita 136 -232 2200-1290 
Philips 50 -110 5996-2726 
Siemens and Halske 67.5-225 4442-1333 
S&H 190 —420 1578— 713.9 


(4-channel system ) 


limitations on antenna transmitting length and high losses 
are the rule rather than the exception, as explained in the 
paper, it appears that radiation efficiencies of more than a 
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few per cent are unlikely. The matter of antenna efficiency, 
particularly with portable systems, is important especially 
because of its close relation with over-all transmitter weight. 
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The Application of Limiter Amplifiers to Stereophonic Signals 


D. S. McCoy 


RCA Laboratories, Princeton, New Jersey 


In stereophonic broadcasting, as in monophonic broadcasting, it is desirable to use compression 


of the peaks to prevent spurious responses and distortion in the detected signal. 


In stereo, how- 


ever, a choice must be made between compression of the left (L) and the right (R) audio signals, 
or compression of L+ R and L—-R signals which may be derived from the original L and R 
signals. The latter choice has the advantage of permitting a higher mean level of modulation, but 


to a degree which depends upon program content. 


Using typical stereophonic program material, a study has been undertaken to determine mean 
signal levels and subjective differences in sound quality for the two methods. 


T IS A requirement in both AM and FM broadcasting 

systems that the peaks of the audio modulating signal 
must not exceed some maximum value in order to prevent 
excessive audio distortion or out-of-band radiation. 


It has been standard practice, therefore, in the broadcast- 
ing of monophonic program material to use the compressor 
amplifier, or “peak limiter”—“. . . a device whose gain will 
be quickly reduced and slowly restored when the instan- 
taneous peak power of the input exceeds a predetermined 
value. The amount of gain reduction is a function of the 
peak amplitude and in practice is usually intended to be 
small to prevent material reduction in the range of intensity 
of the signal.” 


The limiting amplifier response is depicted in Fig. 1. 

Studio practice has been to adjust the input signal levels 
to provide 5 to 6 db of gain reduction on peaks. “Con- 
trolled listening tests in the laboratory indicate that when 
using circuits and loudspeakers flat to 15,000 cps and com- 
paring direct transmission with transmission through the 
limiter, differences in quality of program could be discerned 
only when the limiting action was 5 decibels or more.’” 

Now, the fact that stereophonic programs are to be trans- 
mitted does not alter the requirement that signal peaks must 
be limited prior to modulation in order to prevent spurious 
responses. In stereo, however, the presence of the additional 
channel of information complicates the problem of limiting 
by permitting alternative methods of limiting. 

Any system for broadcasting stereophonic programs on 
single carriers in the AM, FM, or TV band must produce a 
signal which is compatible with existing monophonic re- 


14. C. Norwine, Bell System Tech. J. 17, 539-554 (1938). 
2W. L. Black and N. C. Norman, Proc. Inst. Radio Engrs. 573- 
578 (1941). 


ceivers. The generally accepted definition of “compatibil- 


ity” in this context is that audio signals detected by mono- 
phonic receivers should consist of the sum of the two original 
stereophonic audio signals. It is, therefore, convenient in 
the majority of stereophonic broadcast systems to “matrix” 
the original stereophonic audio signals to produce a sum 


signal, left plus right or L+ R, and a difference signal, 
L-R. 


As a consequence, there are at least two alternative meth- 
ods of limiting stereophonic signals which must be consid- 
ered. 


1. Limiting of L and R audio signals in such a fashion 
that the gain in both channels is reduced equally whenever 


either L or R signal exceeds a predetermined threshold on 
peaks. 


2. Limiting of L+ R and L—R signals equally when- 
ever the amplitude of either L + R or L— R exceeds a pre- 
determined threshold on peaks. 


In order to maintain a high signal-to-noise ratio at the 
receiver it is necessary to broadcast at a modulation level 
which is consistently high. This is of particular importance 
in AM broadcasting. Yet it would be undesirable to gain 
this advantage at the expense of too great compression of 
the program material or any portions of the program. 
Therefore, it is the task of the present investigation: (a) to 
determine which of the alternative methods of stereophonic 
limiting listed above will produce the greatest mean level of 
amplitude modulation; (b) to determine the subjective na- 
ture of the deterioration of sound quality (either as repro- 
duced by a monophonic or by a stereophonic system) occa- 
sioned by the use of limiter amplifiers in either of the two 
configurations listed above. 
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APPLICATION OF LIMITER AMPLIFIERS TO STEREOPHONIC SIGNALS 


Fic. 1. Limiting amplifier re- 
sponse—RCA type BA6A. 


OUTPUT VOLTAGE 


| 


ne 


INPUT VOLTAGE 


LIMITER AND MATRIX ARRANGEMENTS 


A circuit for performing the necessary tests is depicted in 
block diagram form in Fig. 2. 

In switch position 1, the L and R signals are applied di- 
rectly to the limiter amplifiers. The degree of compression, 
expressed in db of gain reduction and indicated by meter 
on the front of the limiter amplifier, is determined by input 
voltage attenuator settings. The limiter outputs, labeled 
L’ and R’, are then applied to the second matrix amplifier 
which performs the sum and difference operations and pro- 
vides outputs proportional to L’ + R’ and L’ —-R’. 

In switch position 2, the L and R signals are applied to 
the first matrix amplifier which yields outputs L + R and 
L—R which are in turn applied to the two limiting ampli- 
fiers. Following the limiting amplifiers the (L-+ R)’ and 
(L—R)’ signals are “rematrixed” to obtain L” and R”. 


Therefore, output terminals are provided at which appear 
the voltages proportional to L + R, L—R, L, R, whether 
the limiting is done on L and R signals (position 1) or on 
L+ R and L-R signals (position 2). The fixed attenua- 
tors which are shown following the limiters in position 1 
serve simply to match the effective 6-db attenuation of the 
matrix amplifier so that for small signals (no compression) 
the output levels are independent of switch position. 


The frequency response of the entire system is +1 db 
from 20 cps to 20,000 cps, and the matrix amplifiers in cas- 
cade are capable of providing at least 30 db of interchannel 
crosstalk rejection over the same frequency band. 


THE INPUT LEVEL PROBLEM 


A rather difficult problem presents itself in the choice of 
input level for the two cases of limiting. Stereophonic re- 
corded material can roughly be grouped into three cate- 
gories: 

1. Essentially monophonic—soloist, instrument or vocal- 
ist, located in the center with fairly low level accompani- 
ment on the sides. 


2. Widely spaced sources—soloist on one side, duet with 
one instrument or voice on either side playing alternately 
or together. 


3. Evenly spread sound sources—generally orchestral or 
instrumental with instruments evenly distributed and play- 
ing at roughly the same level and at roughly the same time. 

By similar observations it can be said that when peaks 
of the L+ R occur they will arise from: (a) high level sig- 
nals occurring in either the L or R channel alone, and (b) 
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high level signals occurring in both L and R channels simul- 
taneously. 

In order to simplify the problem of determining the effect 
of inputs of these kinds on the mean modulation level, let 
us assume that the limiter amplifiers have the idealized 
characteristic shown in Fig. 3. Then, if the amplitude of 
the L signal is plotted as the ordinate and the amplitude of 
the R signal as the abscissa, a convenient diagram can be 
drawn to depict loci of constant gain reduction or constant 
compression. 

For the case in which the L and R channels are com- 
pressed, these loci are as shown in Fig. 4. 

For the case in which L+ R and L—R channels are 
compressed, the loci are as shown in Fig. 5. It should be 
emphasized that for this type of limiting the maximum per- 
missible value of the compatible signal L + R is constant 
whether the original sound source was left, right, or center. 
This is not true for the case of L and R limiting shown in 
Fig. 4, in which case the maximum permissible value for 
L+R occurs when L=R. When the original sound is 
either full left or full right its maximum permissible level 
is down 6 db from the L = R level. Bearing in mind the 
meaning of the loci, these two diagrams can be superim- 
posed as shown in Fig. 6. 
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Fic. 2. Block diagram of circuit. 
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Fic. 3. Idealized limiting amplifier response. 


It will be noted that the two sets of loci are coincident 
along the monophonic (or L = R) line. The input levels 
are adjusted in this fashion so that the maximum values of 
the compatible signal, L + R, will coincide in order to make 
a valid comparison of the two types of limiting. 


ACTION OF THE LIMITERS 


Consider a set of hypothetical audio signals. Figures 
7(a) and 7(b) depict the full wave average of the audio 
voltages in the two channels as a function of time. 

If these signals were reproduced by a stereophonic sound 
system, an observer sitting equidistant from either loud- 
speaker would hear in time segment (¢,, t2) a passage from 
the left loudspeaker. In time segment (tz, ¢;) he would 
hear a passage, appearing to come from a point between the 
two loudspeakers, equal in loudness to the first passage. In 
time segment (t;, ¢;) he would hear a third passage from 
the right equal in loudness to the first two. 

For perfect compatibility, a monophonic reproducer 
should reproduce all three passages at the same loudness, as 
shown in Fig. 7(c), which represents the linear summation 
of the two signals of the left and right stereophonic chan- 
nels. 

Suppose that the L and R signals of Fig. 7 are applied 
to the matrix amplifiers to produce L-+ R and L-R sig- 
nals which are then applied to the limiters as shown in 
switch position 2 of Fig. 2. Then, obviously for all three 
time segments the L + R signal is at the 0-db gain reduc- 
tion level and the output of the L + R limiter is constant 
as shown in Fig. 8, and meets our requirement for a com- 
patible monophonic signal. 

Now let us apply the L and R signals to the limiters 
placed in the L and R channels as shown in switch position 
1 of Fig. 2. In time segment (¢;, te) the L signal will ex- 
perience 6 db of gain reduction on the average. During 
(tz, ts), which represents a monophonic passage, L will 
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Fic. 4. Loci of constant gain re- 
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experience 0-db gain reduction. Similarly, in (tz, ts) R will 
be reduced 0 db, while during (¢;, ¢;) the R channel gain is 
reduced 6 db. 

Therefore, the limiter output signals are as shown in 
Fig. 9. 

When these limited L and R signals are added to produce 
L + R, the result is as shown in Fig. 10. 

It may be seen that the passages from the instrument at 
the outer extremes of the stage are reduced 6 db relative 
to the passage from the instruments in the center, when the 
level of both types of passages are sufficient to be above the 


Fic. 5. Loci of constant gain re- 
duction; L + R, L—R channel lim- 
iting. 


limiting threshold. If the limiters do not have the ideal 
characteristic shown in Fig. 3, but instead have the char- 
acteristic shown in Fig. 1, then the difference in level be- 
tween center and outer extreme passages will be 5.4 db. 

If it is necessary to compress the L and R channel gain 
to restrict peaks, one possible method of preventing the 
type of monophonic incompatibility shown in Fig. 10 is to 
reduce the amplitude of the stereophonic signals by 6 db 
so that the gain reduction on peaks from sound sources at 


Fic. 6. Loci of constant gain re- 
duction; both methods. 


the outer extremes is 0 db. Then the L+ R signal is as 
shown in Fig. 11. 

Now the proper amplitude relation between peaks from 
outer extremes and peaks from the center is maintained. 
However, it will be noticed that the mean modulation level 
has been reduced to 50%. 

It would appear, therefore, that a clear-cut advantage 
had been established for the limiting of L + R and L—R 
information prior to modulation of the carrier. However, 
there are several factors which tend to diminish the impor- 
tance of this advantage. 

It appears that in many recorded tapes and disks, as a 
consequence of the recording technique, recorded peaks from 
sound sources supposed to be in the middle are permitted 
to reach, in each channel, an amplitude equal to the ampli- 
tude permitted for a peak from a sound source at one side. 
Therefore, a centrally located observer listening to a stereo- 
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(b) 


(c) 


Fic. 7. Full wave average of hypothetical audio signals. 


phonic reproduction will hear the loudest peaks of sound 
from instruments or vocalists located in the center of the 
reproduced sound stage. For numbers recorded in this 
fashion both of the two limiting alternatives will reproduce 
the same degree of limiting on peaks. 


TEST PROCEDURES AND DATA 


It was anticipated from the start of the investigation that 
it would be necessary to control the gain of both limiter 
amplifiers simultaneously in order to prevent motion of the 
apparent sound sources as a function of level when the 
signals were reproduced stereophonically. Therefore, in 
order to establish this fact a test was performed in which 
L and R signals from stereophonic tapes were applied di- 
rectly to the limiter amplifiers which were connected to 
operate independently, i.e., a peak signal in one of the 
channels reduces the gain of that channel only. The limiter 
output signals were then applied to conventional audio am- 


plifiers and reproduced stereophonically with two standard 
LC-1A loudspeakers. Listening tests with this setup showed 
very quickly that a peak from a sound source at either 
extreme would cause an apparent position shift of a sound 
source at a central position if the signal from the extreme 
sound source were louder. The sounds originating in the 
center were shifted to the side opposite the loud sound at 
the outside. This effect is most pronounced, of course, 
when the limiting level is 6 db or greater for the channel 
involved. 

A somewhat similar effect occurs when the L + R and 
L—R channels are limited independently. In this case a 
loud passage originating from a sound source in the center 
will cause the sound sources on the side to appear to be 
pushed further toward the extremes. 


It is apparent then that in order to preserve the proper 
auditory perspective in the reproduced sound it is necessary 
to couple the control signals of the limiting amplifiers to- 
gether so that the gain of both channels is reduced simul- 
taneously. 


A series of tests was conducted in which a stereophonic 
tape was played and the two stereophonic signals were ap- 
plied to the input of the limiting amplifier and matrix am- 
plifiers configuration shown in Fig. 2. The L + R output 
of this configuration was applied to a full wave rectifier 
and the resulting signal was recorded on an Esterline-Angus 
pen recorder which responds to a step input, of amplitude 
sufficient to drive the pen to full scale, in 0.5 sec. While 
this speed of response is somewhat slower than the modula- 
tion meters conventionally employed in broadcast practice, 
it serves as a convenient method of recording signals and 
the slower response time makes it somewhat easier to esti- 
mate mean modulation level. 


Test 1 
Title of Recording: RCA Victor stereo-orthophonic tape 
recording FPS-233 original cast recording of Redhead 7% 
ips. 
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Fic. 8. Output signal of L + R limiter. 
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ie Test 2 

wi > Title of Recording: RCA Victor stereo tape FPS-233 
L &ei--- - - (0) original cast recording of Redhead. 

=3 Selection: Overture. 


- (b) 
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Fic. 9. The L and R limiter output signals. 


ts 


Selection: The Right Finger on Me Left Hand—Gwen 
Verdon. 

Remarks: This selection has a vocalist singing at the 
center of the stage with low level orchestral accompaniment 
in the background. This number must be classified as “es- 
sentially monophonic” in content. The amount of gain 
reduction, a direct measure of signal compression, was ap- 
proximately 5-6 db on peaks. From the ink recordings, 
estimates of mean modulation level were made and the L + 
R, L—R limiting case was taken as a reference and was 
designated as 0 db. Two other cases were considered: the 
case of L and R limiting with signal levels adjusted to give 
the same gain reduction for monophonic signal as the refer- 
ence case, and L and R limiting with the input levels re- 
duced 6 db which provides the same gain reduction as the 
reference for input signal on one channel only. The results 
for these cases are as follows: L + R, L—R limiting (refer- 
ence )—0 db; L, R limiting—minus 0.5 db; and L, R limit- 
ing (input level reduced 6 db)—minus 3 db. As predicted 
the difference between L + A; L—R limiting; and L, R 
limiting is practically negligible. The accuracy with which 
the mean modulation level can be judged from the ink re- 
cordings is certainly no better than 0.5 db. 
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Fic. 10. Sum of limited L and R signals. 


Remarks: The signal from one tack of the tape was ap- 
plied to the L input only. This test simulated an extreme 
situation; i.e., one recorded channel containing absolutely 
no signal. L + R, L—R limiting (reference)—0 db; L, R 
limiting—minus 4.9 db; and L, R limiting (input level re- 
duced 6 db)—minus 6 db. From the discussion presented 
previously the mean level should be down about 6 db for L, 
R limiting and for L, R limiting with input signals attenu- 
ated. Because the limiter amplifier output characteristics are 
not perfectly flat above the limiting level but rise slightly as 
the input level increases, the signal should be down 5.4 db 
for the unattenuated L, R limiting case rather than 4.9 db 
but the difference may again be due to the inaccuracy in 
judging mean signal level. 
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Fic. 11. The L+ R signal with reduced L and R input levels. 
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Test 3 


Title of Recording: RCA Victor tape recording FPS-175 
of The Chocolate Soldier. 

Selection: The first 1 min of Sympathy—Risé Stevens, 
Robert Merrill. 

Remarks: The singers sing from the extremes of the sound 
stage. For the portion of the number used for this test, 
the singers sing alternately with low level orchestral back- 
ground, well distributed. L + R, L—R limiting (reference) 
—O db; L, R limiting—minus 2.8 db; and L, R limiting 
(signal reduced 6 db)—minus 4.8 db. It can be seen that 
these figures lie between those of Tests 1 and 2 and this re- 
sult is entirely reasonable because the orchestral background 
provides some signal which is correlated between the two 
channels. 


Test 4 


Title of Recording: RCA Victor tape recording FPS-175 
of The Chocolate Soldier. 
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Selection: The beginning of the duet portion of Sympa- 
thy—Risé Stevens, Robert Merrill. 

Remarks: The vocalists sing from the extremes of the 
sound stage, singing simultaneously. The figures for this 
test should differ very little from those of Test 3. Although 
the two singers at the extremes are singing simultaneously, 
there is very little correlation between the two recorded 
signals. L+R, L—R limiting (reference)—O db; L, R 
limiting—minus 3.4 db; and L, R limiting (signals reduced 
6 db)—minus 4.7 db. 


Test 5 

Title of Recording: RCA Victor Stereo Tape FPS-233 of 
Redhead. 

Selection: Overture—orchestra. 

Remarks: This selection is recorded with the instruments 
roughly uniformly located across the stage and all playing 
at roughly equal levels. L +R, L—R limiting (reference) 
—0 db; L, R limiting—minus 2.4 db; and L, R limiting 
(signals reduced 6 db)—minus 3.4 db. In addition, for this 
selection, a test was run in which the L and R signals were 
attenuated to the point where the meter indication of gain 
reduction of the limiting amplifiers was equal to that indi- 
cated for L-+ R, L—R limiting. This required that the in- 
put signals be attenuated 4 db. For this case (L, R limiting, 
signals reduced 4 db) the mean signal level was minus 3 db. 
It is felt that Test 5 is a particularly significant test since 
the uniformly spread sound source represents a very nearly 
average situation for stereophonic presentations. In prac- 
tice, whichever of the two limiting alternatives is used, the 
studio engineers will probably adjust the level of the stereo- 
phonic signals applied to the limiters to produce 5 to 6 db 
of gain reduction on peaks as indicated by the limiter meters. 

A reduction of mean signal level of a few db has very 
little meaning under ideal low noise listening conditions. It 
is necessary to simulate a noise background to provide a 
signal masking effect and to serve as a reference for subjec- 
tive determination of the seriousness of a loss of signal-to- 
noise ratio. For this purpose, white noise was introduced into 
the two channels following the limiting and matrixing op- 
erations. The rms noise level was adjusted to be 20 db 
below the level of a sinusoidal signal which produces 0-db 
gain reduction. This is equivalent to a noise level 20 db 
below a signal which produces 100% modulation. With the 


background noise Test 5 was repeated and the difference in 
mean modulation level between L + R, L—R limiting case 
and either of the other alternative L, R limiting cases was 
unmistakably detected; although in all of the cases the 
signal-to-noise ratio was judged to be rather marginal for 
musical reproduction. 

Another observation worthy of note is the fact that in 
Tests 2, 3, and 4 where widely spaced sound sources are 
reproduced the L, R limited signal in which the signal levels 
are not attenuated produced a subjectively annoying reduc- 
tion of dynamic range of the reproduced sound. This is not 
surprising in view of the fact that for this condition the 
limiting amplifiers reduced the gain of the two channels by 
as much as 12 db on peaks giving roughly an 1i-db com- 
pression of dynamic range. 


SUMMARY 


The tests performed have indicated the following: 

1. Whether L + R and L—R channels or L and R chan- 
nels are limited, it is necessary that the gain reduction oc- 
curs equally and simultaneously in both limiting amplifiers. 

2. Limiting L and R channels will produce a lower mean 
modulation level than limiting of L + R and L—R chan- 
nels by an amount which depends upon the stereo content 
of the source material. The difference in mean modulation 
level is greatest on loud passages which represent sound 
sources at the outer extremes of the sound stage, and is 
least for sound passages originating from the center of the 
sound stage. On the average, for typical stereophonic pro- 
gram material with evenly spread sound sources, this differ- 
ence in mean modulation level is about 3 db. This number 
is a function, however, of the recording technique employed. 
If the recording is such that sound sources at the extremes 
are never permitted to be as loud in the reproduction as 
sound sources in the center, then the difference between the 
two limiting alternatives is reduced. 

3. Unless the signal input levels in the case of L and R 
limiting are reduced to the point where sound sources at the 
extremes are not subjected to greater than 6-db gain reduc- 
tion, an annoying loss of dynamic range may be apparent 
to the listener when these passages occur. However, when 
the input signal levels to the limiters are reduced to prevent 
this distortion of dynamic range, the mean modulation level 
is reduced even further. 
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Practical Aspects of High-Fidelity Disk Recording. Part 1 


Cartos E. R. A. Moura 
Gravodisc Ltda., Sao Paulo, Brazil 


Several aspects of mechanical recording are analyzed, based on the author’s observations, who, 
while dealing with the subject, has avoided as much as possible the use of electromechanical re- 


sources to control the effects. 


The collection of topics presented does not cover the whole subject but merely repre-ents one 
way among several of how to achieve good results in disk recording. 


INTRODUCTION 


pew development of certain branches of sound recording 
and reproduction has been fantastic, while in other 
branches development has remained almost stationary since 
the introduction of the electrical recording process. 

The gap in this development is the mechanical recording 
process so well known to all disk-recording people, but sel- 
dom clearly understood. 

In every recording company the problems resulting from 
this gap are faced daily, and the solutions generally applied 
are a product of experience acquired through many years of 
practice. 


MECHANICAL RECORDING 


Mechanical recording is one form of registration made 
by the removal of a quantity of material from a soft base 
in accordance with the produced movement. In the case 
of disk recording, the producer of the movement is the cut- 
terhead, the movement is then transferred to the record by 
the stylus, that is the transference agent, and the record is 
the base where the movement is registered. 

Several types of excellent cutterheads are known now, 
which work on a great variety of principles, and as the 
electromechanical transference is not the important point, 
the transference of mechanical motion will be discussed. 


SHANKS AND FITTINGS 


In order to discuss mechanical transference it is necessary 
to analyze the several types of shanks existing in the styli 
known at present. Figure 1 shows some of the types of 
styli in use, which differ only in shanks: 

Type A—Common shank for cutterheads like Grampian, 
Presto, RCA, Audax, Cook, etc. 

Type B—Special shank for Westrex cutterheads. 

Type C—Special shank for Ortofon cutterheads. 

Type D—Not represented in Fig. 1, but it is similar to 


type B and is intended for use with Neumann cutterheads 
and the only difference is the addition of a small rim close 
to gem. 

In Fig. 1, a comparison is also made with the popular 
long shank cold cutting type. Types B, C, and D were 
created to overcome some defects of type A (see below). 


Type A—Defects and Corrections 


Figure 2(A) shows the type A stylus fitted in a cutter- 
head. Point O is the point where the shank is secured to 
the styli holder by means of a screw. When not subjected 
to the driving force of the revolving blank, the shank 
touches point K but when driving force F is applied, the 
shank leaves point K and approaches point L without 
touching it, as shown by the dotted lines. 

When this happens, the shank transforms itself into a 
bar clamped at only one end and introduces a transverse 
vibration of a highly resonating character that greatly dis- 
torts the sound waves fed to the stylus. 

Figure 2(B) is a simplification of the modes of vibration 
with the maximum excursions determined by an ellipse cut 
by line AB representing the center of the groove. 

Another form of vibration happens with type A styli, 
which is produced by an imperfect union between aluminum 
shank and jewel tip. The modes of these fundamental vi- 
brations in the joint [point P Fig. 2(A)] are represented 
in Fig. 2(C), and the maximum excursions are represented 
by the circle between lines A and B. 

Adding the two different modes of vibrations [see Fig. 
2(D)| that represent maximum deviations from point Q, 
which would be the point where the stylus tip should nor- 
mally be, we get an ellipse in which the excursions of tip 
are greater than the sound modulation applied to the stylus, 
sometimes producing distortion figures of 100%. 

Comparing the typical sine wave represented in Fig. 2(£) 
with the pattern represented in Fig. 2(D), we can make a 
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| | 
HOT STYLUS TYPES 
WESTERN ELECTRIC ORTOFON 
TYPE TYPE 

LONG SHANK 
COLD CUTTING 
§ STYLUS 

8 c 
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INVERTED 

FOR ILL: PURPOSES 

Fic. 1. Recording stylus types. 


comparison of amplitudes between distortion and modula- 
tion. 

The first procedure adopted to reduce the amplitudes of 
the detrimental vibrations was to reduce the total length of 
the stylus by 22% or more. This represents reducing a 
%-in. stylus by approximately 5/32 in. and can be done 
without any serious harm in practically all recorders with 
a slight readjustment of the angle of cut. 

Referring again to Fig. 1, the cold type of cutting stylus 
can be compared with the shorter type A. This procedure 
will somewhat reduce the efficiency of the transference of 
the sound to the blank, but the improvement of quality and 
reduction of cutterhead resonances will be quite noticeable. 

Figure 3 shows what can be done from reducing the 
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Fic. 2. Distortion produced by shank holder and misfit of gem 
and shank. 
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length. First, the length of the chamfer was reduced to 
the absolute minimum so that only point O where clamping 
is made departs from a cylindrical surface. This cylindrical 
surface is of very great importance, because when force F 
is applied, the cylindrical surface of the shank touches the 
inner cylinder of the stylus holder at point L and adheres 
to it because force F is constant and tends to increase 
slightly as the recording reaches the center of the blank 
[see Fig. 3(B)]. 

Reduction of the second mode of detrimental vibrations 
was made by increasing the length of the gem to more than 
two-thirds of the total length of the stylus, which was made 
possible by the reduction of the chamfer and by changing 
the usual process of securing the gem to the aluminum or 
brass shank by pressure in favor of the bonding process. 

Several types of special glues are available that can join 
two pieces of steel and withstand severe stresses for almost 
infinite periods of time. A way of securing the gem tightly 
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to shank consists in carefully cementing the heating resist- 
ance with zinc-oxide cement (SS White dental cement) as 
described in a previous paper.’ Figure 3(C) shows this re- 
inforcement. 

With the above precautions, and with a firm tightening 
of the screw, at least 98% of the detrimental vibrations can 
be eliminated. 


Type B—Defects and Corrections 


Referring back to Fig. 1, we can analyze the method 
adopted by Westrex in manufacturing their recent cutter- 
heads, and Neumann in Germany who followed the same 
idea of securing the stylus. 

First, they reduced the length of the shank to a minimum, 


1C. E. R. A. Moura, J. Audio Eng. Soc. 5, 90 (1957). 
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N. CANTILEVER 


MISFIT BY WEAR 


Fic. 4. WE system. 


but maintained approximately the same distance from the 
cutterhead to the blank as with the type A styli. To avoid 
vibrations caused by misfitting of the shank to cantilever 
they adopted a conical hole and a tapered shank. Theo- 
retically this is a perfect solution, but results indicate that 
it is not the best solution that could be obtained. 

In type B the cantilever is made by casting. Great hard- 
nesses of material are not obtained by this forming method, 
so the tapered hole is subjected to rapid wear, thus depart- 
ing from the original dimensions in short periods of time. 
With type D this problem is somewhat attenuated because 
the cantilever is made of tempered steel. From the me- 
chanical point of view, the production of a tapered hole is 
quite difficult, and with respect to the dimensions of the 
tapered hole discussed, the use of the grinding process is 
impracticable, so we are forced to admit that the conical 
hole will be somewhat imperfect. Production of conical 
shanks is also a problem, tools are very small, thus showing 
rapid effects of wear. Figure 4(4) shows the normal misfit 
in type B after 500 changes. 

Suppose that a 100% fit is obtained in this system, then 
normally, a new head and a new stylus should provide a 
perfect fit. Two other forms of spurious vibrations can be 
found in this system, the first, similar in cause and effect 
with that which occurs in type A, can be attenuated in a 
similar manner [see Fig. 4(B)]. The second is the vibra- 
tion of the gem itself, which is considerably thinner than 
the one used with type A, 0.5 mm for type B and 1 mm for 
type A. This effect can be reduced by the addition of mass 
and cementing the resistance. 

As this system utilizes no mechanical reference in the 
shank, there are no precise means of adjusting the mirror 
facet of the gem into an exact 90° angle to the groove even 
with the aid of special tools. Another drawback in this 
system is the difference in length from stylus to stylus. 


Type C—Description and Suggestions 


Type C styli were developed by the Lyrec-Fonofilm In- 
dustries iti Denmark for its Ortofon cutterheads, and in 
some aspects it represents the finest that could be done in 
securing a stylus. 

The total length of the stylus is 4.5 mm (about 0.18 in.) 


CARLOS E. R. A. MOURA 


less than one-third of the small type A and requires the use 
of tweezers in handling. Its major characteristic is the total 
absence of shank. 

The stylus is secured in a pressure mandrel clamped 
around the body of the gem. Figure 5(A) shows a partial 
view of this mandrel. 

However, sometimes this system can produce minor vi- 
brations, as shown in Fig. 5(A), due to only one point of 
contact and can be definitively solved by using a rounded 
end stylus [see Fig. 5(B)], thus providing another good 
point of contact. 

Incidentally, a rounded end gem is easier to grind than a 
90° flat end, and it provides better uniformity in the length 
from one piece to another. 

The diameter of the gem is 0.75 mm, and the operating 
distance is smaller than the preceding types (around 0.10 
in. from cutterhead to blank) thus showing a reduced tend- 
ency for self-vibration. The only serious drawback in this 
type of stylus is the same problem of adjusting the mirror 
surface to groove as with B. 


THE STYLUS 


The stylus as a cutting tool is analogous to the cutting 
bit used for turning, boring, and other similar mechanical 
operations. 

This small piece of precious stone, sometimes smaller 
than a grain of rice, is probably the most important part in 
disk recording. 

There are thousands of pages written in mechanical man- 
uals about cutting bits, and every detail of the construction 
is explained, giving reasons for the difference of the types 
required. Steel and aluminum cannot be cut at the same 
efficiency with the same cutting bit. 

The terminology of shank, base, heel, face, point, cutting 
edge, nose, shape, flank, neck, flat, chip breaker, shank 
angle, back-rake angle, side-rake angle, relief angle, clear- 
ance angle, etc., are words known by heart by every good 
lathe operator. However, almost all recording lathe opera- 
tors and audio engineers know practically nothing about the 
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PRACTICAL ASPECTS OF HIGH-FIDELITY DISK RECORDING. PART 1 


stylus. The following paragraphs explain the elements of 
the stylus and how changes in these elements affect its 
performance. 


Material 


Different types of precious stones can be used for pro- 
fessional styli: natural or synthetic sapphires, ruby, dia- 
mond, aquamarine, and others. 


Manufacturing 


When natural stones are used, cutting and turning opera- 
tions are necessary to transform the shape of the stone into 
one suitable for the faceting operations. With synthetic 
stones, considerably less work is involved because the stones 
are cast directly into cylindrical shapes. 

Beginning with these cylindrical shapes (Fig. 6 S1), one 
big facet is ground in the cylinder and covers its entire 
length (Fig. 6, $2). This facet is called the “mirror” and 
is the largest facet of the stylus (F1 in Fig. 6, S2). 


Sl $2 


Fi 


Fic. 6. First steps in the lapidation of a recording stylus (faceting). 


Next (Fig. 6, S3), two more facets are ground in one ex- 
tremity of the cylinder, F2A and F2B, and receive no par- 
ticular terminology because they are only of constructional 
interest. At this point, the cylinder is divided in two parts 
for nomenclature purposes, the extremity with F2A and F2B 
is called the “vertex” and the remaining part “fulcrum” 
or “body.” 

The angle formed by F2A and F2B in the mirror facet 
is called “included angle” by Americans, while we prefer 
to call it the “reluctance angle.” 

Turning the cylinder 180°, so that the mirror is away 
from us, another facet, F3, is ground (Fig. 6, $4). In S5, 
F4 is ground. These facets receive no particular names be- 
cause they will be reduced to simple lines in final polishing, 
and in some cases, facet F4 will be nonexistent. 

In Fig. 7 (S6), four more facets are polished. F5A and 
F5B are called “major facets,” and F6A and F6B are called 
“minor facets,’ and in some cases, as pointed out before, 
may be nonexistent. Here, S7 represents S6 with a torsion 
of 90°. ere 


The next step is the polishing of the tip of the vertex — 
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Fic. 7. Steps in the lapidation of a recording stylus (fine polishing). 


into an arc of a circle, called “tip radius,” and at this point 
we have a complete stylus suitable for wax recording or 
even acetate recording. This type of stylus is called “feather 
edge.” Imperfections in the cutting edges of the reluctance 
angle make this stylus impractical to manufacture and use, 
so additional steps of very fine polishing are required to 
correct these imperfections. Frank L. Capps was first to 
perform this extremely fine polishing operation in the re- 
cording stylus, and the process consists in grinding a very 
thin facet along the cutting edges of the reluctance angle 
(Fig. 7, S8, S9) which is called the “burnishing” or “polish- 
ing” facet. 

Knowledge of the angles and edges formed in the faceting 
operations described is of great importance, because sub- 
stantial improvements in sensibility, frequency response, 
noise, damping, and control of distortion result from simple 
alterations made in this aspect. 

Figure 8 shows the nomenclature and correct locations of 
the edges of a recording stylus. In order of importance, 
they are: (1) Cutting edges, actually cut the walls of groove. 
(2) Polishing edges, give final polishing to the walls of 
groove. (3) Section, cuts and polishes the bottom of groove. 
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Fic. 8. Stylus edges. 
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Fic. 9. Stylus angles. 


(4) Resistance edge, interferes only occasionally in the cut- 
ting action of the stylus. (5) to (8) Auxiliary resistance 
edge, intersection edge, curved edges, and small edges are of 
constructional interest and do not interfere in the perform- 
ance of the stylus. 

Figures 9(A), 9(B), and 9(C) show the angles existent 
in a recording stylus, and these angles determine the dimen- 
sions of the facets and the characteristics of its performance. 

The reluctance angle | Fig. 9(A)], also called “included 
angle,” is the angle that determines the shape of the groove. 
It can be made from 70 to around 95°. European prefer- 
ence is for 70 to 80° styli, and American preference is from 
87 to 95°. 

Many factors are involved in the determination of a cor- 
rect reluctance angle and can be solved only by a compro- 
mise setting. Open angles (85 to 95°) make the reproduc- 
ing stylus track the groove nearer its bottom, thus reducing 
the possibility of tracking small scratches of the surface. 
Open angles also make the separation of the several gal- 
vanoplastic parts easier. 

However, acute angles (85 to 70°) reduce acetate damp- 
ing and produce a more resistant chip making it easier to 
use high heating temperatures, thus resulting in less noise. 
Thus, open angles are better for processing, and acute 
angles better for recording. For monophonic and stereo- 
phonic, 80° is best. 

With stereophonic, especially in the 45/45 system, some 
might think it surprising that the 80° stylus would provide 
much better results than the 90° one. The reason is that 
with the 90° stylus, when a sudden transient is applied in 
only one channel, as the burnishing facet is positioned at 
45°, the force will be distributed equally in the area of the 
facet, thus providing a very high load to the stylus that 
will damp and distort the transient. With the 80° stylus, 
the force will not be distributed equally, so the stylus will 


cut by slicing action and not by shearing action. However, 
in very short periods of time shearing action will occur. 
Tracking of the reproducing tip will be the same for both 
types. 

The tip radius [Fig. 9(A)] is actually not an angle; 
it determines the width of the bottom of the groove, larger 
radii used for normal grooves (now almost abnormal), 
smaller radii for microgroove recording. and the smallest for 
sub-microgroove and stereo work. 

The first important point of tip radius is that it must bc 
at least half the radius of the reproducing tip. Type V 
groove recording is made by using a stylus with a tip radius 
many times smaller than normal in order to allow also for 
the tracking of the groove by reproducing tips of smaller 
diameters. For instance, a record with type V groove of 
normal width allows for reproduction with a standard tip 
and also with a microgroove reproducing tip. 

A smaller tip radius also reduces damping of the blank, 
reducing consequently the load on the cutterhead resulting 
in less distortion in the registration of sound. The findings 
of C. E. Watts are in strict accordance with the author’s. 

The compromise that should be made in respect to this 
point is to find which is the lowest tip radius that will allow 
a good mechanical resistance of the tip and a trouble-free 
galvanoplastic processing. 

From the recording aspect of the question, the smaller 
the better. Tip radius normal figures are at maximum 
0.002 in. and can go to 0.0001 in. or even less. 

The cutting angle is the one formed by the mirror and 
burnishing facet. Its point of measurement is made at the 
point where the mirror touches the section. At this point 
the section splits this angle and forms the secondary cutting 
angles [see Figs. 9(B) and 9(C)]. 

The measurement of this angle can go from 100 to 127°. 

The primary function of this angle is cutting, but it also 
controls the polishing to some extent, because its dimensions 
directly affect the dimensions of the polishing angle. Sev- 
eral factors such as mechanical resistance, frequency re- 
sponse, and noise affect the correct determination of this 
angle; in a stylus with the mirror arranged at a plane 
exactly 90° from the surface of the blank, a one point of 
compromise is around 120-125° 

The polishing angle is formed by the section and the re- 
sistance edge, and its dimensions are subordinated to the 
dimensions of the cutting angle and the resistance angle. 
Its measurement is made in the following manner: A stylus 
with a cutting angle of 125° and a resistance angle of 50° 
would be as follows: 

ie — 825° =.$5", 53° + 3° = 208". 

From these simple calculations we deduce that the polish- 
ing angle of such a stylus is 105°. The secondary polishing 
angles differ somewhat from these dimensions, but the 
knowledge of the exact figures is unimportant. 

The resistance angle is the one formed by the mirror sur- 
face and the resistance edge, and as the name implies it 
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controls the mechanical resistance of the tip against shocks 
but not against abrasion. 

Normally, the maximum dimension of this angle is 60° 
and the minimum as close as possible to 0°. It is the 
dimension of this angle and the size of the burnishing facet 
that separates a good stylus from a poor one. 

The resistance angle controls the top limit of the fre- 
quency engraving capacity of the stylus, the efficiency, and 
the ability of the stylus to maintain the frequency with the 
reduction of the diameter of the groove spiral. The opti- 
mum point of compromise will be explained later in detail. 

The auxiliary resistance angle is only of constructional 
interest, and in styli with resistance angles smaller than 30° 
this angle is nonexistent. 

The incidence or acceptance angle is the one formed by 
the mirror and the major facets, and its measurement is a 
consequence of the size of the resistance angle |see Fig. 
9(C)|. The acceptance angle controls the acceptance ef- 
fect. 

Acceptance is the effect noticed when the same recording 
is made in two different disk speeds, the recording at the 
highest speed will sound better because it will show the 
greatest acceptancy of the material for the modulation. Of 
course, a better registration for the highest speed in disk 
recording will also be a consequence in the reduction of the 
tracing distortion in reproduction. 

In a recording stylus, each angle is dependent on another; 
so, any alteration in an angle will alter the complete design 
of the stylus. The most important point is to achieve a 
perfect harmony in this design. 


CHIP REMOVAL 


Another important chapter in disk recording is the re- 
moval of the material cut by the stylus to form the groove. 
Several nonprofessional methods involve the use of brushes, 
and one professional method, now seldom used, involved the 
cutting of the grooves from the inside of the blank to the 
outside, thus throwing the chip to the center of the record 
and avoiding the accumulation of the chip in the path of 
the stylus. The universally adopted method actually in- 
volves the use of suction devices to avoid possibilities of 
accidents with the chip and other detrimental effects as will 
be related. 

Almost any mechanical device that can produce air suc- 
tion can be utilized for the purpose. The most elementary 
and easiest is to use a common household vacuum cleaner 
coupled to a nozzle somewhere around the stylus. More 
elaborate systems use reverse blowers (RCA), bellows (Van 
Epps), reversed air compressors, etc. 

All these systems must include some means of filtering in 
order to avoid the highly flammable chip reaching the me- 
chanical parts that are producing the suction. These filters 
may be of the net type (a cloth intercepting the chip) 
which is very inefficient, the water type, also inefficient, and 
the simple and highly efficient gravity type, where the chip 


is separated from the air current by its own weight. The 
type of device that produces the highest velocity and steadi- 
est suction will be the one that gives the best results. 

At this point it is convenient to explain the necessity of a 
constant suction. Four forces are involved in mechanical 
recording: first is the revolving action of the turntable 
which must be perfectly constant; second is the spiral feed 
force which must be uniform or uniformly varied in the 
case of variable pitch; third is the motion of the stylus 
produced by the cutterhead; and fourth is the suction ap- 
plied to remove the chip. 

In order to avoid any perturbation to the movement of 
the stylus, all the remaining forces must be uniform. In- 
constancy of the revolving action of the turntable is a worry 
of the past, and feed pitch very seldom presents problems. 

Only in rare instances are suction devices integral parts 
of the recording lathes; so the adaptation of this accessory 
must be performed by the user, and this adaptation is of 
great importance in the performance of the whole system. 

Since the suction force is applied directly to the tip of 
the stylus and its magnitude is greater than the force pro- 
duced by the cutterhead, it is logical to think of an inter- 
action of the two forces, which will result in distortion when 
modulation is present, and in noise in the absence of modu- 
lation. 

In order to reduce the interaction of these forces, the 
first and most important point to be studied is how to com- 
bine these forces. Figure 10(A) shows that it is possible 
to use a suction nozzle anywhere around the stylus in a 
circle of 4 in. to 2 in. In some recorders, such as RCA 
73B, Presto 6N and 8DG the suction nozzle is located at 
90° to the recording surface, as shown in Fig. 10(B), with 
the suction nozzle having a trumpet-flared circular entrance. 

The great inconvenience of this type of suction tube is 
the great friction point at W |Fig. 10(B)]. To reduce 
this friction point, different types of nozzles were designed. 
Figure 10(C) shows one that proved more efficient, and it 
is based in picking up the chip at almost horizontal angles 
and bending the tube at a gradual rate to allow the chip 
to be driven out vertically. Figure 10(D) shows the modi- 
fications made at the entrance of the nozzle. 
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Fic. 10. Suction. 
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Fic. 11. Front suction. 


Front Suction 


Figure 11(A) shows the adopted location for front suc- 
tion in the circle of Fig. 10(A); the nozzle is positioned at 
approximately 40° from the groove that is being cut. The 
path made by the chip is shown at Fig. 11(B), and in order 
to follow this path the chip touches the mirror surface of 
the stylus in several points, as shown in the shaded area 
of Fig. 11(C). 

This area of contact extends beyond the area bound by 
the reluctance angle and enters the region of the fulcrum 
where the heating resistance is wound [see pattern on Fig. 
11(C)], thus placing the chip in direct contact with the 
high heat resistance. Frequent losses of acetates by chip 
burning are quite common. 

A close analysis of Fig. 11(C) also reveals that the con- 
tact points are located almost totally in the right side of 
the mirror, so there is a dragging force actuating the stylus 
tip, making difficult the movement of the stylus in the 
right half-cycles, and enhancing the left side ones. Numer- 
ous tests made to obtain distortion figures gave a minimum 
of 8% harmonic distortion with the sine waves at an op- 
erating condition where the suction was barely sufficient to 
remove the chip out of the recording acetate. Distortion 
figures increased in a somewhat linear correlation with the 
increase of suction velocity. Figure 11(D) compares the 
waveform produced by this system with a typical sine wave. 

Another detriment of this system is the slight bending 
of the stylus tip made purposely by some styli manufac- 
turers to help the output of the chip toward the center of 
the record. This bending is from 2 to 5° and produces a 
minimum of 3% harmonic distortion and a higher percent- 
age of intermodulation. Another incorrect practice is to 
advance the cutterhead '% in. or so to facilitate the removal 
of the chip. 

In order to avoid distortion the stylus must not be 
twisted, and the recording should coincide exactly with the 
radius of the blank. 

Regarding noise, the drag on the right side produces vi- 
brations of a very high frequency order, and a microscopic 
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examination would reveal grooves highly indented, similar 
to Fig. 11(£). Best noise figures obtainable with front 
suction are around 40 to 45 db below maximum signal. 

From the facts explained above, the rule that can be out- 
lined for best results with front suction is to use the least 
suction velocity possible to lower distortion and noise, and 
to reduce the possibility of burned chips. Of course, this 
operation involves the use of moderate heating, which limits 
the usefulness of the system to fresh blanks. 


Rear Suction 


Noise figures of minus 40-45 db are insufficient for mod- 
ern LP and stereo recording techniques, and with front suc- 
tion any further attempt to reduce these figures will be 
unsuccessful. Experiments were made to relocate the suc- 
tion nozzle in another collecting angle, and more sensible 
results were obtained when the angle was increased from 
40 to 90°, but even better figures were observed when the 
angle was increased beyond that point. 

At this stage of research, the small torsion of the tip 
began to create problems in catching the chip immediately 
after the cutterhead was lowered to the blank. This torsion 
was eliminated, and the catching of the chip became in- 
finitely more easy, requiring only a small puff to reduce the 
possibilities of failure to less than 1%. Removal of the 
torsion resulted favorably in an increase of approximately 
1 db in over-all sensibility, a gain of 2 db at 15 ke in the 
center of the record, and clearer high frequencies. 

Experiments made with WE cutterheads with suction 
angles of 150 and 210° provided better results than with 
90°. The next step, as everything indicated, was to try 
the 180° position, but in some machines there was an ad- 
vance ball system placed exactly in the rear of the stylus, 
so a complete redesign of this system was necessary to allow 
a free way for the removal of the chip at exactly 180°. 

In some lathes, the advance ball was already located in a 
more favorable position, while in others advance ball was 
nonexistent. The nozzle shape was represented in Figs. 
10(C) and 10(D). 

The very first results showed noise figures of —55 db. 
Some very striking features were observed, such as the rules 
formulated for front suction suddenly becoming reversed. 
The previous rules advocated the minimum of suction to 
obtain the least noise; the rear suction system accepted 
any amount of suction velocity and figures showed the 
higher the better. Apparently no explanation was obtained 
for this phenomenon, but a close observation revealed the 
reasons. 

Figure 12(A) shows a typical rear suction device, with 
nozzle positioned at some distance from the blank, and the 
chip forming with the blank surface an angle of approxi- 
mately 40°. The pattern of the points of contact of the 
chip with the mirror surface of the stylus is shown in Fig. 
12(B), and comparing this pattern with the one produced 
by front suction [Fig. 11(C)], we can note a substantial 
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Fic. 12. Rear suction—angles and areas of contact. 


reduction of the area of contact, and furthermore, a perfect 
symmetry of all points in the pattern produced by rear 
suction. This symmetry indicates that rear suction does 
not produce dissimilarities in half-cycles of applied modula- 
tion. But the area of contact still can be reduced substan- 
tially, so the suction nozzle was lowered to the very limit 
of safety, almost touching the blank surface, in order to 
reduce the angle formed by the chip and blank to less than 
40° | Fig. 12(C)]. 

An angle of 15° was the minimum obtainable and re- 
sulted in a substantial reduction of the contact area as 
shown in Fig. 12(D), resulting in lower noise figures. The 
next step was to increase the suction velocity up to the point 
where the mechanical strength of the chip could hold, thus 
the angle was further reduced | Fig. 12(£)] and the area 
of contact reduced to its minimum figure as shown in Fig. 
12(F). It is interesting to note that this area of contact 
is smaller than the section of the groove, thus the suction 
now had an active part in the groove cutting. The suction 
force was combined in such a way to help the cut, acting in 
the opposite direction to the rotating force of the turntable. 
Noise figures of 60 db or even better were obtained with 
this process. 


Charcoal Formation 


The excellent noise figures referred to above were, how- 
ever, good only for the first acetate cut with the same stylus, 
because subsequent cuts showed an increase in noise figures 
to —45 db. 

Each time the stylus was changed, the first and some- 
times the second resulted in excellent low noise cuts, but 
the remainder was poor. As it is a nonprofitable business 
to change a stylus for each blank, a solution was sought 
for this problem: As soon as the stylus increased the noise 
level, it was removed and subjected to a microscopic exami- 


nation. Styli examined showed a deposit of charcoal in the 
mirror surface with an effect similar to that occurring in 
cutting bits in mechanical cuttings (a deposit of a small 
layer of cut material on the face of the tool). 

The action of cutting with a stylus is not only performed 
by the cutting edges of the stylus but also by the mirror 
surface, which forces the material forward while the action 
of the cutting edges makes the actual separation. 

Figure 13(A) shows an enlarged pattern of the points of 
contact with the mirror surface, and it is this area that 
forces the material in cutting. Due to the conformation of 
the material to be removed there is a spot in this pattern 
that is subjected to more efforts than the remaining area, 
and it is in this same spot that the charcoal formation was 
observed [see Fig. 13(B)]. 

The texture of the gem material and the finite limit of 
polishing leave a certain roughness on the surface of the 
mirror so that a small abrasive action exists. This abrasive 
action removes minute particles of the acetate. These par- 
ticles accumulate on the spot, and due to the constant con- 
tact with the heated gem the solvents volatize and the ni- 
trate particles are transformed into charcoal particles. 

With the transformation of the acetate particles into 
charcoal, the abrasive action will be greater, and there will 
be also an accumulation of more acetate particles, thus 
causing high friction as shown in Fig. 14. The presence of 
this high friction is the cause of the increased noise pre- 
viously observed. 

It is interesting to note that the deposit of charcoal always 
occurs in the same spot. Observation on the incidence of 
this formation revealed that it was dependent on the condi- 
tion of the blank. The heat utilized and the polishing of 
the mirror facet were the contributing factors in this effect. 
Several attempts were made to eliminate this effect, such as 
lubrication of the tip with silicone, reduction of the heating 
temperature, and reduction of the suction velocity, but they 
all reduced the signal-to-noise ratio. Further examination 
revealed that after the first blank the formation was small 
and could be easily removed from the mirror surface. The 
difference in noise level was not greater than 2 or 3 db from 
the beginning of the face to the end. This difference will 
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Fic. 13. Charcoal deposition. 
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Fic. 14. Noise produced by charcoal deposition. 


pass unnoticed and the cleaning of the mirror facet of the 
stylus can be done with a piece of slightly dampened cotton 
rolled onto a stick. This cleaning should be performed 
immediately after the cutting of each face and will be effec- 
tive in 90% of the cases. 

As cleaning does not completely remove the formation, 
after several cuts the formation will adhere so tightly that 
its removal will be useless. The only way to remove this 
adherent charcoal formation is to immerse the stylus in 
concentrated nitric acid for 15 min and then thoroughly 
wash the stylus with running water; after that, the tip 
should be carefully rubbed with a dry cloth. 

Aluminum and Dural shanks are not attacked by the 
concentrated acid, but the heating resistance should be re- 
moved before the stylus is immersed in the acid. Exposures 
of more than 15 min should be avoided because of the acid 
attack on the bonding substance, but when the gem is se- 
cured to shank by pressure, longer exposures are allowed. 

Extreme care in the handling of acid is mandatory to 
avoid the possibility of personal injury. Rubber gloves are 
recommended, and if acid is splashed on the skin it should 
immediately be washed off with water. 

Styli cleaned by the above method can have a very long 
life. One stylus of the author’s lasted 116 cutting hours in 
perfect condition. 

Charcoal formation was also observed with cold cutting, 
and in this case the previous method of cleaning is 100% 
effective. 


STYLUS AZIMUTH 


The effect of azimuth adjustment is well known. Due to 
the extremely small dimensions of gap or slit, the alignment 
of the recording and reproducing gaps or slits must be ex- 
tremely accurate. With tape at 15 ips, for instance, the 
deviation of a single degree from the correct adjustment 
causes a drop of 6 to 8 db in the 15-kc response plus the 
distortion of several per cent in that frequency. With speeds 
less than 15 ips this problem is crucial. 

While studying the cause of the great disparity between 
Buchmann-Meyer light pattern frequency measurements and 
playback measurements in disk recording, the author’s at- 
tention was drawn to the problem of azimuth adjustment 
(rake angle) in disk recording and reproduction. 


R. A. MOURA 


Common Methods of Adjustment 


The only standard available was an old one, but it still 
is the foundation stone of the recording industry; that is, 
90° plus or minus 3°. This standard is not bad for 78 rpm, 
but the actual methods used for the adjustment are very 
erratic so that even this standard is difficult to achieve 
without an error of several degrees. 

The normal method widely recommended consists in the 
observation of the reflected image of the stylus in the blank, 
so that when the image formed a straight line with the 
object the stylus was positioned at 90°. But, if we consider 
the refraction effect, the astigmatism of the eye, warped 
blanks, the small size of the exposed part of the stylus, 
errors of 8, 10, or even 15° will pass unnoticed. 

Other methods for this adjustment were sought. Some 
used the parallelism method; that is, building parallel sur- 
faces to the stylus cantilever, and then applying a drawing 
triangle or protractor to measure the deviation and perform 
the required correction. This parallelism method, however, 
is subject to several errors such as the additive ones and 
misalignment of the cantilever that may be adjusted to the 
magnetic center instead of the vertical axis, and thus drive 


the user to more erratic conclusions than the previous 
method. 


Accurate Adjustment 


There is a method that allows the correct adjustment of 
the stylus azimuth to a tolerance of less than one minute of 
a degree or, in other words, to the sixtieth part of a degree 
that, compared with the old standard, represents approxi- 
mately 500 times better accuracy. Patent is pending for 
this method. The general idea of this method is to adjust 
the cantilever to an exact position independent of the other 
parts of the cutterhead. For this purpose, the stylus is sub- 
stituted by a steel azimuthal gauge of the same height of 
the styli used [ Fig. 15(A)]. 

The gauge is made up of a steel pin and a steel strip 
soldered to the pin. The constructional details for the steel 
pin will be dependent on the type of shank used, it may be 
cylindrical or conical. The exposed part of this pin is made 
as a cylinder of larger diameter, about 5/32 or 3/16 in., 
where a slit is sawed to provide means of securing a 4-in. 
steel strip. 

The milling of surface S must be very carefully performed 
because this surface must be a perfect plane [see Fig. 
15(B)|. Then the two parts are soldered together in the 
manner described below. 


Gauge Calibration 


The best way to perform gauge calibration is to use the 
turntable and the cutterhead. For turntables that hold the 
blank by suction a flattened aluminum disk is required. 
Common turntables should have rubber, felt, or plastic pads 
removed for this calibration. 
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Fic. 15. Azimuthal gauge. 


The gauge is then inserted in the cutterhead, with the 
strip parallel to the mirror plane. The height of the cutter 
should compensate for the absence of blank or pad. Then 
the head is lowered, and the strip soldered to the pin in a 
manner that in this position the surface S of the strip leaves 
no passage for light rays coming from the rear, thus being 
in perfect contact with the turntable surface. 

The soldering can be done with a soldering pencil or gun. 
After this, the gauge is turned 180°, and the difference of 
contact of the strip with the surface observed. It is im- 
portant that in the first soldering the gauge be slightly less 
than 90°. The gauge should touch the turntable only at 
the pin or at surface S but never in the extreme away from 
the pin. 

Measure carefully the distance X (that is, the distance 
from the end of the strip to the turntable surface) with a 
block and a micrometer. After this, get a block of half 
this distance, loosen the screws securing the cutterhead, and 
tilt the head till it reaches the distance of one-half X (Fig. 
16); retighten the screws. 

Turn back the gauge 180° again, and you will note that 
the strip will be raised from the surface by approximately 
¥ X. Unsolder the joint, make the steel strip touch the 
turntable plane, and resolder. 
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Fic. 16. Gauge calibration. 


Repeat these procedures again and again to obtain closer 
accuracies. Normally, a certain point will be reached where 
the distance X will be so small that difficulty will be experi- 
enced in finding blocks sufficiently thin to cover this dis- 
tance. Thin paper or metallic foil will be a great help in 
this case. 

This method is similar to the one adopted with tape 
playing it forward and then reversing the tape to reach the 
optimum azimuth adjustment. 

Finally, when a point is reached that can be considered 
satisfactory, simple calculations, as outlined in Fig. 17, can 
reveal the exact error. Generally the tolerance of the canti- 
lever adjustment will be smaller than the error of the gauge. 
Gauges with an angle of 89°, 59 min, 32 sec were con- 
structed with this method. 
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Fic. 17. Error formulas. 


Use of the Gauge 


The gauge is not only useful in centering the stylus cor- 
rectly but also in adjusting the angle of cut. The centering 
operation is as used for calibration, and adjustment of 
angle of cut with gauge is used at 90° from the centering 
positions as indicated in Fig. 18. 

Advantages of perfect centering will be a uniform load 
for the two half-cycles of the modulation, resulting in re- 
ducing distortion to a great extent, less tendency for noise 
production, and permitting the tracking of the highest fre- 
quencies by the reproducing tip. In monophonic reproduc- 
tion it will reduce tracing distortion, and in stereo it will 
also maintain accurate balance between the two channels 
and provide maximum separation of channels in the highest 
frequencies. The only chance of unequal groove walls will 
remain in defective styli. 

For the precise adjustment of the angle of cut (90°), the 
gauge is inserted in the manner indicated before and the 
head is lowered to the turntable and the height of the car- 
riage adjusted till the optimum point is reached. This will 
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Fic. 18. Angle of cut adjustment. 


be the reference calibration point. The reference calibra- 
tion point must be marked, in some cases by a spacing 
block marking the position of the carriage adjusting screw 
or by a radial mark on the screw. 

Next, the operating positions are marked, and the thick- 
ness of the pad, acetate, and groove depth are computed 
and subtracted from the calibration mark to allow exact 
angles of cut in the normal operating conditions. Spacing 
blocks are efficient in marking the several operating points. 

As the gauge has the same size of the stylus, the groove 
depth should be added to the operational blocks, and in the 
case of fixed pitch the formula below will allow the calcula- 
tion of the groove depth based on a 60 to 40 groove-to-land 
basis. 

GD = [(0.3/N)/tan A] — [(R/sin A) - R] 
where GD is the groove depth in inches, N is the pitch in 
lines per inch, R is the tip radius, and A is half the included 
or reluctance angle. 

In the case of variable pitch where the 60 to 40 groove- 
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to-land basis ceases to exist, the same formula can be ap- 
plied on a basis of 224 lines per inch. The gauge should 
not be used often: it should be kept as a primary standard, 
well protected to avoid deviations in the calibration. The 
operational blocks should be used for ordinary reference, 
checking from time to time against the gauge. 


Effects 


Records cut according to these principles will show less 
marked differences of optical and playback measurements. 
The radial reduction of the high frequencies will be less, 
the top frequency limit will be set at a higher frequency, 
and tape noise that normally was disregarded will be repro- 
duced at the full amplitude thus becoming a nuisance. 

Uniformity of cut between blanks will be automatic, the 
aspect of the cut blank will be black, pure black, not dull 
or rainbow or excessively brilliant in appearance. 

By definition, angle of cut is relative to the position of 
the stylus in respect to the blank surface, while cutting 
angle is an integral part of the stylus. It is an error to 
recommend a change in the angle of cut to avoid vibration 
effects of the stylus thus forcing the stylus to work at angles 
that will greatly affect reproduction, while the requirement 
for such a change is caused by a defective cutting angle of 
the stylus. 

Based on these observations, the region of 120-127° 
proved to be a good compromise for the cutting angle as 
explained earlier. 
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Synchronous Audio-Visual Display Techniques” 


Joun T. Mutuint 


Minnesota Mining and Manufacturing Company, Mincom Division, 
Los Angeles, California 


Synchronous sound and action displays constitute a most effective advertising and educational 
medium. A variety of methods for controlling mechanical displays in synchronism with sound 
recordings, either on disk or on tape, is described in this paper. 


|. INTRODUCTION 
E quickest and most effective means of conveying 
information has long been the combination of lecturer 
and blackboard. The simultaneous impression of the visual 


and aural senses conveys information faster and results in 


* Presented March 9, 1960 at the Seventh Annual Western Con- 
vention of the Audio Engineering Society, Los Angeles, California. 
t Technical Director. 


— 


t 
a 
f 
a 
F 
i 
L 


|| 
Pe 
. gre 
lim 
sou 
ae suc 
O-' 
the 
RECORDING LINE 
| era 
on —/ | a me 
TURNTABLE | 
mz 
fin 
me 
ing 
ee 
tic 
sy 
no 
ar 
sy 
{ fir 
| pl 
( til 
er 
ca 
| p 
hie 
| m 
Pp 
| ir 
| n 
, st 
t 
7 ; 
PY] ee 

ee Po 
‘ 
ma | 


SYNCHRONOUS AUDIO-VISUAL DISPLAY TECHNIQUES 237 


greater retention than either method alone. Witness the 
limitation of silent motion pictures versus pictures with 
sound, or radio versus television. Supplementary stimuli 
such as vibration in the rocket ride at Disneyland or “Smell- 
O-Vision” convey additional impact through senses other 
than visual or aural, but their relatively great cost can gen- 
erally be justified only on the basis of novelty as entertain- 
ment. 

Mechanical methods of instruction, conveyance of infor- 
mation, and entertainment therefore remain chiefly con- 
fined to the stimulation of the audio and visual senses, with 
motion or still pictures, radio, television, and sound record- 
ings the principal media of conveyance. 

The important psychological factors of newness, anima- 
tion, and suspense may be most effectively employed in the 
synchronous audio-visual display where the visual part is 
no longer a motion picture or television image but rather 
an animated three-dimensional model whose actions are 
synchronized with the audible message. While expensive in 
first cost, such devices are unsurpassed for museums, fairs, 
propaganda displays, and amusement parks where a con- 
tinuous turnover of audience is encountered. When prop- 
erly organized, the device is extremely effective as an edu- 
cational, informative, or advertising medium. 

It is the purpose of this paper to foster the increased ap- 
plication of such devices by familiarizing the audio engineer 
with various methods of synchronism and control which 
may be employed and by way of illustration to suggest 
possible fields of application. Of all the personnel involved 
in the planning and execution of a display, the audio engi- 
neer should be best suited to determine the most suitable 
method of synchronism and control, as well as to provide 
sound reproduction facilities. 

Systems logically fall into three categories: (1) live at- 
tendant displays, (2) recorded message displays, and (3) 
combination displays. 


1. Live Attendant Displays 


In this form the display supplements a lecture or narra- 
tion by the operator who is physically present. Here the 
audio engineer’s interest starts with simple public address 
facilities but may include switching of loudspeakers, lights, 
activation of displays, etc., under control of the operator on 
a simple manual basis or by elaborate voice-operated switch- 
ing. The latter form is justified only in cases similar to 
the one described below under “Voice Controlled Robot.” 


2. Recorded Message Displays 


This is the form of greatest interest to the audio engineer 
because he must provide a reproducer for disk or tape re- 
cordings, perhaps with automatic repeating features, and 
the system may require automatic and synchronous switch- 
ing of loudspeakers, flood or display lamps, and mechanical 
operations. 


Such displays are generally unattended: (A) 


systems using disk recordings, and (B) systems using tape 
recordings. 


3. Combination Displays 


Occasionally an elaborate system will employ a live at- 
tendant who enters into the program aided by automatic 
displays. The audio engineer may resolve such require- 
ments by application of the principles outlined under the 
headings 1 and 2 above. 

Details of equipment for each of the above categories will 
now be described. 


Il. LIVE ACTION DISPLAYS 
Voice Controlled Robot 


A robot was constructed by a major electrical equipment 
manufacturer to advertise electrical products. Surrounded 
by appliances such as vacuum cleaners, mixers, and light 
fixtures, he was commanded by the voice of the demon- 
strator to stand, sit, smoke a cigarette, walk, wink his eye, 
salute the flag, clean the rug, mix the batter, etc. Each 
action was controlled by a separate motor. Two-way actions 
such as “stand” and “sit” were controlled by reversible 
motors with limit switches to stop the action at the end of 
travel. Control was as follows (see Fig. 1): The operator 
spoke slowly into the microphone so as to break his speech 
into distinct envelopes of sound. These became code pulses 
similar to the pulses of a telephone dial but of considerably 
slower rate. The robot (whose name was George) would 
only act on two groups in sequence. A few typical groups 
were: 

“Now, George (pause), please stand up.” The code here 
would be 2-3. 

“Fine! (pause) Now sit down.” Code 1-3. 

“Will you please (pause) Sa-lute the flag.” Code 3-4. 

Simplified circuitry is shown in Fig. 1. 

The sound of the operator’s voice was amplified and ap- 
plied to public address loudspeakers. The signal was also 
amplified and rectified where the resulting de operated a 
sensitive relay K1 across which was connected a condenser 
C1 to prevent chattering of the relay at the rate of com- 
ponent frequencies and to limit its pulsing to the envelope 
rates. 

Relay K1 caused K2 to operate and K2 operated K3. 
Here, K2 was held operated by C2 so that it would not 
release during a normal train of envelopes constituting the 
first count of any code group, and K3 was held operated 
by virtue of C3 for about % sec after K2 released. Each 
pulse of K1 caused a stepping switch K4 to advance one 
step from its normal rest position No. 0. After the train 
of pulses of the first envelopes of a code had been completed, 
the operator paused long enough for K2 to release. This 
applied voltage to the wiper of bank 1 of the switch, operat- 
ing KS, K6, K7, or K8. 

When K3 released, current was applied to the vibrator 
contacts of the stepping switch through the homing cam 
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Fic. 1. Simplified circuitry for voice controlled robot. 


contact to drive the switch back to its normal position where 
the cam contacts opened and the switch awaited the next 
train of pulses. When these were received, the switch again 
advanced step by step under control of K1. Here, K2 and K3 
again remained operated until the train was completed. Re- 
lease of K2 applied voltage to the particular bank energized 
by K5, K6, K7, or K8& which had previously operated and 
locked up. The position of the energized wiper operated 
a relay to apply power to the particular robot function 
which then operated continuously until negated by another 
command from the operator, such as “Thank you. Please 
rest,” or stopped at the end of its cycle by a limit switch 
such as “stand” or “sit.” The K9 was provided to restore 
the voice control to normal after a code group. When K2 
dropped to normal but before K3 released, K9 operated 
through a contact of whichever relay K5-K8 was operated. 
This opened the holding path of K5-K8 as well as its own 
operating path. Thus all relays and the stepping switch 
were restored to normal awaiting a new command. 

It will be seen that an eleven-position stepping switch 
with six banks can provide up to 40 codes. The first group 
can have 1, 2, 3, or 4 envelopes, and the second group can 
have from 1 to 10. 

It is obviously very cumbersome to try to arrange reliable 
verbal groups with a large number of envelopes. Conse- 
quently, the system has a practical limit of about 16 com- 
mands. In any group therefore there is a recommended 
maximum of 4 envelopes. The groups of numbers preceded 
by letter F indicate the terminal which will function for the 
code groups given by the numbers. 


Ill. RECORDED MESSAGE DISPLAYS 


These will be discussed as two divisions: (A) systems 
employing disk recordings, and (B) systems employing tape 
recordings. 


A. Systems Using Disk Recordings 


In a great many applications it has been found most con- 


venient to use the 33'%4-rpm disk. Standard grooves rather 
than microgroove were previously employed where the turn- 
table might experience vibration or dust environment or 
where the disk might require manual operation. Normally, 
however, microgroove records will be found to be entirely 
satisfactory if a good record changer mechanism is em- 
ployed which is arranged for repeater operation. The pick- 
up should certainly be equipped with a diamond stylus and 
the whole mechanism enclosed in a dust-free box. Impor- 
tant to continued performance of the mechanism is com- 
pletely external operation control so that the box need never 
be opened except to change worn records. External opera- 
tion control implies that the display may be started manu- 
ally by an attendant or by some automatic means such as 
an observer walking up to the display and thereby un- 
knowingly breaking a light beam or manually pressing a 
button. 

Any one of a number of methods may be employed to 
synchronize the action with a sound record. 


A Simple Mechanical System 


Figure 2 illustrates one of the simplest forms of device. 
The repeater record turntable must operate at a speed con- 
stant enough to keep the amount of drift in the system to 
a satisfactory minimum. A synchronous clock motor is 
geared to the cam shaft and causes switches to operate at 
times determined by the cam shapes. The time for one 
complete rotation of the cams should be a little longer than 
the message time. A long time run-out groove is provided 
at the end of the record so that the record can continue 
to run silently after the presentation is completed until 
switch No. 1 operates, tripping the repeating mechanism. 
The record thereupon restarts and the cams operate the 
switches at times corresponding to the narration. 

Such a system should be used only for messages of rela- 
tively short running time, say, three minutes or less, and 
for systems where the degree of synchronism required is 
only approximate since it is difficult to maintain timing of 
cams within seconds of their ideal operating point. Fur- 
thermore, the point of lowering the stylus to the disk both 
in time and groove count is highly indeterminate. The 
method does not provide sufficient accuracy to permit 
switching loudspeakers between sentences of narration un- 
less very awkward pauses of silence are provided. 
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Fic. 2. A simple mechanical system of approximate synchronism of 
several actions and a disk recording. 
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Fic. 3. An accurate timing system providing synchronization 
within +1 sec during the entire running time of a 12-in. microgroove 
disk recording. 


An Accurate Timing System 


Figure 3 illustrates an advanced system providing reli- 
able high accuracy timing for periods of any length up to 
the full running time of a twelve-inch microgroove record 
side. It can provide switching accuracy to within one half 
turn of the disk, thereby enabling synchronization within 
+1 sec. 

A good quality record changer is employed to provide 
repeater operation. The simple additions of a shutter on 
the tone arm and a vane on the periphery of the turntable 
operate to intercept the light falling on a photocell from 
a small lamp. 

The purpose of the vane on the turntable is to provide 
one interruption per revolution of the disk. Through a 
sensitive relay this causes the stepping switch $1 to advance 
one step per turn. The shutter vane on the tone arm acts 
at the start of the record to fully intercept the light until 
the run-in spiral causes the arm to uncover the narrow 
optical slit, at which time counting begins. Records must 
be indexed so that the turntable vane is properly located 
within about 30 deg of the beginning of the sound recording 
in the groove. 

A 25-step, 6-bank rotary selector switch of the type used 
in automatic telephone equipment is most suitable for 
counting the revolutions. A system may require two or 
three such switches, depending on running time and the 
number of operations which are to be performed. Here, S1 
is advanced one step per revolution of the disk. It is so 
constructed that, when one wiper has scanned 25 contacts, 
a second wiper starts sweeping the second bank of 25 con- 
tacts. Thus, in one revolution of the switch a total of 50 
contacts are made after which the cycle is repeated. 

Suppose an operation such as turning on the illumination 
for a diorama-is to occur as a musical fanfare starts. If 
the music is six revolutions from the unmasking point, the 


switch will have advanced six steps, whereupon a connection 
is made through the wiper of S1 and its terminal 7 to termi- 
nal 1 of bank 1 of $2, thence to the magnet of S2 causing 
it to energize. This causes S2 to step to position 2 where 
it remains. Bank 3 of $2, however, causes a relay K1 to 
operate, which locks up and turns on the lights. Here, K1 
locks up so that it remains operated even when S2 moves 
to the next position. The S1 continues to step once per 
revolution of the record, and we will assume that curtains 
are to automatically part at the end of the music, and this 
will occur at revolution number 15. When the wiper of 
S1 contacts step 15, S2 is again caused to advance to posi- 
tion 3, causing the curtain motor to operate. As shown, 
S1 causes $2 to advance again when S1 reaches 17. This 
applies the same potential to both sides of K1, causing it 
to release. It can be seen that a relay may be operated 
and held for any length of time during which other opera- 
tions take place, after which it may be released. 

So the action continues. The $2 steps only whenever a 
function must be performed. Bank 1 of S2 always selects 
the next operating terminal of $1, whatever its number may 
be, and waits until that terminal is energized. The S1 con- 
tinues to rotate a full revolution every 50 revolutions of 
the disk, sequentially energizing its 50 terminals. 

At the end of the display another relay is energized which 
trips the record changer by means of a solenoid, as in Fig. 2, 
and causes the selector switches to restore to position 1 by 
means of their vibrator contacts and cams, as in Fig. 1. 
This relay must remain energized until a simple cam- 
operated switch added to the record repeater momentarily 
opens the circuit during the repeater operation just prior 
to let down of the tone arm onto the record, but after the 
mask has intercepted the light beam. This is required to 
prevent false counting before the arm unmasks the optical 
slit. 

A word of caution is appropriate at this point relative to 
all circuits employing stepping switches and dc solenoids. 
These units draw considerable current, and the relay con- 
tacts which are provided must be protected from arcing. 
This is easily corrected by a series condenser and resistor 
across the coil of the switch or solenoid. Generally, a 0.25- 
pf condenser in series with 100 ohms resistance will do the 
trick. 


Use of Recorded Control Signals 


Figure 4 illustrates another system of synchronization’ 
originally developed for disk systems to provide changes of 
picture in sound slide film presentations. Prior to introduc- 
tion of this system it was customary to manually change 
the pictures projected onto a screen whenever a bell sounded 
on the record. 

In addition to the normal sound record, a 50-cps tone is 
simultaneously recorded. Whenever a change of picture is 


1 John T. Mullin, U. S. Patent No. 2,529,097. 
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Fic. 4. The 30-50 cps system originally developed for the synchro- 
nization of a slide film and a disk recording. 
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to occur, the frequency is shifted from 50 to 30 cps for 
about one second and then back again to 50 cps. A simple 
low-pass filter in the control amplifier rejects audible fre- 
quencies and allows the 30- and 50-cps tones to be ampli- 
fied by a high gain overdriven amplifier. The output is 
thus of constant level since the last stage functions as a 
limiter. At its output is a circuit resonant to 30 cps. The 
ac voltage developed across this circuit is strictly a function 
of frequency. The signal is rectified and applied through 
resistor R1 to a condenser C2 which develops a positive dc 
voltage dependent on frequency. This unbiases the thyra- 
tron tube whenever 30 cps appears, causing a solenoid to 
operate and change the picture. False operation of the 
device from 30-cps rumble or vibration cannot cause opera- 
tion of the relay because the amplifier is saturated by the 
50-cps signal present at all other times. This blocks the 
amplifier sensitivity to other frequencies including 30 cps. 

The values of R1 and C2 are selected to provide a charg- 
ing time for C2 of about % sec, further securing the system 
against transient bumps of 30 cps having short duration. 

While developed initially for slide films, the method is 
equally suitable for control of displays. The output of the 
thyratron can be used to operate a selector switch such as 
S2 in the preceding system. Thus the disk revolution 
counting switch $1 may be eliminated. Also, the photo- 
electric system of unmasking the start and providing count- 
ing pulses is not required. Against this mechanical simpli- 
fication the record must be specially prepared with control 
tones included wherever they will be required. 


B. Systems Using Tape Recordings 


When a tape machine is employed in automatic displays, 
it should be used only in the hands of an operator familiar 
with the mechanism if tapes must be rewound and manually 
threaded at the start of each reel. It is often possible to 
arrange a large reel of tape to contain several copies of the 
message so that it need be rewound only after all copies 
are played. In general, however, the self-contained repeat- 
ing loop mechanism is to be preferred since the unit can 
be enclosed in a tamper-proof container and arranged for 


external operation control. Methods of synchronism of a 
tape with animated displays will be discussed below. 

It is often essential in tape-recorded messages running in 
a synchronous display to clearly identify the starting point 
for the timing or sequencing of the display, just as it was 
required in the disk systems previously described. This 
may be accomplished by means of a photoelectric cell and 
lamp, the light falling on the cell when a single small hole 
in the tape passes. This causes a relay to operate and 
lock up. Alternatively, the back of the tape may be painted 
with a dab of metallic, conductive paint at the starting 
point. This avoids the disadvantage of weakening the tape 
by punching a hole, most certainly the eventual point of 
premature tape failure. Figure 5 illustrates the circuit of 
a practical means of operating a relay from a conductive 
spot on the tape, the resistance of which may be from zero 
to several thousand ohms and the operation will still be 
completely reliable. The relay controls the timing motor 
in systems employing a series of cams, as under the section 
entitled “A Simple Mechanical System.” 

In displays having long cycle time, as described in the 
section entitled “An Accurate Timing System,” the timing 
is more difficult to maintain with accuracy approaching 
that of disk systems since the stepping switches must be 
operated by a switch geared to the tape drive capstan rather 
than the revolutions of the disk. The tape velocity is gov- 
erned by the capstan speed, but is in no way locked to it. 
Thus a certain amount of drift is possible and readily de- 
tectable after several minutes of operation in systems where 
close timing (within +1 sec) is required. For reliability 
of performance both of the above methods, which are com- 
pletely suitable for disk systems, fall somewhat short of 
ideal in tape systems. 

On the other hand, tape is admirably suited to two very 
accurate timing methods. One of these is the “30-50” 
system described above. Its operation is even more reliable 
with tape because of the almost complete absence of back- 
ground noise in the region of the control tones. As in the 
disk 30-50 system, it is desirable to suppress all audio com- 
ponents below 100 cps during recording and again use a 
100-cps high-pass filter on playback so that the control 
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Fic. 5. A circuit for operating a relay by means of a conductive 
spot on the base side of magnetic recording tape. 
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Fic. 6. The use of a two-track tape system to synchronize sound 
and various controlled actions. 


tones will not be heard. It is true in display work that 
audio frequencies below 100 cps are completely unnecessary. 
They often contribute nothing but boom to the reproduction. 

The second system and perhaps the neatest of the lot is 
the use of a two-track reproducer. One track contains the 
sound record and the second track contains a 30-50 control 
signal. Here the full fidelity audio may be employed if it 
is considered really necessary. Crosstalk from the sound 
track into the control track makes use of the 30-50 system 
necessary rather than a single control of 30, 50, or 100 cps, 
but this can be overcome by the use of single control fre- 
quencies in the range of 450 to 5000 cps. This is because 
track-to-track crosstalk is negligible at the shorter tape 
wavelengths for any tape speed from 1% to 15 ips. 

The use of multiple frequencies on the second track 
enables devices to be controlled directly rather than through 
the sequence switching previously described. Figure 6 
shows such a system in block form. The system thereby 
becomes very straightforward. A filter for each particular 
frequency is provided; its output is amplified and rectified 
and caused to operate or release a relay. Against its direct- 
ness of approach the cost of a system rises sharply as sepa- 
rate functions and frequencies are added. 

The use of a marking hole or painted conductive spot on 
the tape is, of course, unnecessary in such a system, one 
frequency being assigned to stop the tape at the end of 
the performance and ready the system for the next start 
command. Note the circuit for this purpose shown in Fig. 
7. When the tone appears, K1 operates. This brings in 
K2 which locks. The tape continues to run until the tone 
disappears, at which time K1 releases. Here, K2 stays 
operated until shorted out by the starting button $1. The 
tape stops whenever K1 is released and K2 is operated. 
This circuit assures that none of the stopping tone remains 
at the playback head to falsely stop the device as soon as 
it is again started. 

A seemingly endless variety of devices may be controlled 
by the above methods. 

Short tape loops have been arranged to inform visitors 
at a California z6o. In front of each animal cage is an 
attractive post housing a loudspeaker and pushbutton. 


Each time the button is pressed the tape loop is played, 
and it is automatically stopped at the end of the message 
to await the next start command. 

Because it was to be operated by untrained personnel, a 
25-min tour of one of the California missions is given from 
disk records. The revolution counting sequence system is 
employed. The lecture starts in an anteroom. After a few 
words of introduction, the audience is asked, by way of the 
recorded narration, to step to the next room. During a 
musical bridge the loudspeaker in the first room is switched 
off and another connected in the room now occupied by the 
audience. This continues through seven stations. Since 
some speakers are in small rooms, others in the mission 
church itself, and still another in the mission gardens, it 
was necessary to provide variation in amplifier gain, de- 
pending on the speaker energized. This was accomplished 
by synchronously switching a series of interstage gain po- 
tentiometers. Each speaker is thus independently variable. 
At the end of the tour the stepping switch cuts off the power 
to all the equipment including the amplifier. Momentary 
pressure of a “start” button energizes the turntable repeater 
trip solenoid and turntable motor. As the repeater mecha- 
nism begins to cycle this causes a contact to close, applying 
power to restore the stepping switch through its vibrator 
contact to position No. 1 where the power is maintained 
for another cycle of the tour. Pressure of the “start” 
button at any time causes the repeater to trip and restores 
the selector to restart the performance should synchronism 
be lost for any reason. A second “stop” button provides 
for immediate dropout of all circuits should this be required. 

In another application, a miniature circus tent was con- 
structed containing caricatures of a barker, a trapeze artist, 
and a series of animals, each in its own gaily painted cage. 
As the curtains parted to the tune of “Man on the Flying 
Trapeze,” a spotlight highlighted the trapeze artist swing- 
ing to and fro in time with the music. After a few bars, 
the music faded and a spotlight shone on the barker who 
sprung to life. His voice emanated from a speaker in the 
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recorded control signal. 
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Fic. 8. Circuit for obtaining synchronous lip action in animated 
figures of human beings and animals. 


canvas above his head and he gestured and turned his head 
as he spoke. His handlebar mustache and lower jaw moved 
synchronously with every syllable of his speech. He intro- 
duced the animals in each cage. The animals came to life 
and were spotlighted in sequence as they performed distinc- 
tive actions. Since the entire display was prepared to ad- 
vertise steel products, it was typical of the animals’ role 
that a miniature lion sat on his haunches and, wearing box- 
ing gloves on his forepaws, sparred a reflective sheet of 
stainless steel. Meanwhile, the barker explained how the 
lion went into a rage every time he saw his reflection; that 
the lion had shattered all the mirrors in the mystic maze 
and half the glass in Glasgow, and it was found that stain- 
less steel alone could withstand his might. 


IV. COMBINATION DISPLAYS 


Occasionally, a display will entail a considerable amount 
of automatic switching in synchronism with an audible 
message and yet it may be desirable to include a live person 
in the presentation. The easiest solution is to have the 
person deliver a well-rehearsed address so timed that a 
series of events are switched at appropriate intervals. Gen- 
erally, timing can be held close enough by a series of motor- 
driven cams, but it is important that no long periods (over 
15 sec) occur without an electrical transition. This is be- 
cause the narrator must continually take cues from the 
electrical action to keep his address nicely timed. 

If longer periods are necessary, the cams should be ar- 
ranged to stop and await a start pulse from a pushbutton 
operated by the narrator. For this reason, it is well to 
have the operator use a hand microphone for his public 
address system. The control button can be mounted un- 
obtrusively on the handle of the microphone. 

The author has constructed systems wherein a recorded 
message was combined with a live narration. A miniature 
sea captain, for example, conversed with the narrator. A 
specially designed quick start and stop disk reproducing 
mechanism was constructed which was started every time 
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the narrator pressed the button on the microphone. The 
narrator could modify his address from one show to another, 
depending on audience reaction, so long as the gist of the 
material ultimately led into the next automatic line from 
the sea captain. This was combined with a large number 
of active and illuminated displays synchronized with the 
recording. The result was a complicated but very effective 
medium advertising marine petroleum products. 

Synchronous lip action, as used in the miniature circus 
and sea captain sets, including the motion of the barker’s 
mustache in the above-described case, is readily achieved 
by the use of a solenoid within the head of the figure oper- 
ated directly from a thyratron, using the circuit shown in 
Fig. 8. 

During the operation of an automatic system operating 
with a minimum of maintenance, it is anticipated that the 
reproduction volume will vary over a range of several db 
between service periods. There may also be normal undu- 
lations of a few db throughout the duration of the message. 
Whatever the immediate level, the thyratron should be held 
inoperative during the lower level half of the syllabic en- 
velopes and conductive during the higher level halves. 
This is to assure natural operation of the lip synchroniza- 
tion solenoids. This circuit includes a rectifier to provide 
average hold-off bias for the thyratron. This voltage is 
developed across Cl. It has a time constant of several 
seconds. Another rectifier provides operating signal for the 
tube. This has a short time constant of about 0.1 sec de- 
veloped across C2. The operating voltage rises with in- 
crease in loudness of signal, but the bias also increases, re- 
storing the envelope operating point. The reverse action 
occurs as the average volume level drops. 

Whenever a plurality of animated figures are to appear 
to converse, a loudspeaker behind each should be provided 
and a lip synchronizer provided in each figure. When the 
voices change, the loudspeakers and solenoids are appro- 
priately switched. Most effective displays can be so ar- 
ranged if the figures are constructed as small-scale carica- 
tures of human beings. A disappointingly grotesque im- 
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pression is given if an attempt is made to employ life-size 
figures, if great effort is expended to make them look 
lifelike. But the psychology of display figures is not a 
subject of this paper. The audio engineer will generally 
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do best to leave the mechanics of display construction and 
program planning to the commercial artist and the public 
relations and sales departments of organizations generating 
the requirements for such displays. 
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A High-Resolution Stereo Magnetic Head for 


Four-Track Application 


A. A. SarRITI 


Radio “Victrola” Product Engineering, RCA Victor Home Instruments, 
Cherry Hill, New Jersey 


Design criteria for slow-speed narrow gap in line stereo head for cartridge application are dis- 
cussed. Actual results of production heads built to these specifications are reviewed. 


INTRODUCTION 


URING 1955 several studies were made within RCA 

concerning the feasibility of narrow-track, slow-speed 
tape recording. These studies proved conclusively that it 
was possible to record and play back frequencies as high as 
15,000 cps at a tape speed of 334 ips. It was also found 
that the track width could be reduced one-half its nominal 
value and still maintain a signal-to-noise ratio satisfactory 
for high-quality reproduction. Although the track spacing 
was reduced by one-half, measured crosstalk was minus 50 
db or greater at 1000 cps. 

When, in the summer of 1956, it was decided to actively 
engage in the development of a tape cartridge transport, a 
production design was started on a dual-track, in-line stereo 
head for this application. Up to this time, heads used for 
the above studies were handmade in RCA Laboratories and, 
of course, were too costly in design for commercial appli- 
cation. 


PRODUCTION DESIGN CRITERIA 


Early investigations into all phases of the cartridge con- 
cept provided the necessary information from which design 
specifications could be developed. In most cases these were 
common or closely related to other components of the sys- 
tem. The performance considerations such as equalized 
frequency response and constant current record-playback 
characteristics were to be equivalent to high-quality heads 
operating at 7'4-ips tape speed. Also the signal-to-noise 
ratio and crosstalk factor requirements were 50 db or better. 
These, you will note, are system requirements. The head, 


with “multiple-track” tape, and associated amplifiers are 
dependent on each other in producing the required results. 
Other specific criteria such as low head-impedance for driv- 
ing a low-noise transistor preamplifier, controlled pickup of 
stray magnetic fields, and mechanical considerations of com- 
patibility with the narrow tape tracks and cartridge were 
also dependent on individual components. Probably one of 
the most important goals was to achieve a design that would 
lend itself to large quantity production with a basic cost 
equivalent to the average unit presently available for high- 
quality recorders. 


PRODUCTION DESIGN 


The four-track stereo tape system dictates that the head 
must be an in-line stereo type. First consideration was 
given to the material to be used in the manufacture of the 
case half. Thermoplastic, thermosetting plastic, and epoxy- 
type case halves were reviewed. However, bearing in mind 
the degree of flatness needed on the case face and also the 
critical track spacing and tolerances required on a four- 
track system, all of the above materials were found to be 
unsatisfactory. Dimensional stability with temperature and 
humidity variations was also a factor in rejecting these ma- 
terials. Because of the above stated requirements, it was 
finally decided to use an aluminum cast case with precision 
milling and drilling operations. The case half before and 
after machining operations is shown in Fig. 1. This has 
proved quite successful and is in use at the present time. 

The next item under consideration was the thickness of 
the lamination material. Tests were made on both photo- 
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Fic. 1. Stereo case head before and after machining operations. 


etched 2-mil laminations and stamped 6-mil laminations. 
After building a head from each type of lamination, an 
evaluation of the electromagnetic efficiency of each was 
made. Both units showed excellent results. The greatest 
deviation from the 6-db/octave curve was 1 db at 15 kc on 
the 6-mil lamination head. As this investigation showed 
very little difference between results obtained from either 
2-mil or 6-mil laminations and also because of economic 
reasons, 6-mil punched laminations were used in production 
units. 


Fic. 2. Stereo case head before (left) and after epoxy resin filling 
and lapping. 


Balanced windings, which will cancel external fields, are 
used in order to reduce hum pickup. 


Fic. 3. Finished stereo head in shielded case. 


After laminations and coil assemblies are placed in the 
case halves and soldering operations on leads are completed, 
the unit is filled with epoxy resin. A precision lapping 
operation is then performed on the case half. This area has 
been undercut in order to achieve a high degree of flatness. 
Figure 2 shows the case half ready for epoxy resin and also 
shows this same unit after pouring and lapping. 

A 90-yin. quartz spacer is then evaporated on the pole 
tip area, and the two mating halves are fastened together 
with four screws to form a working tape head. Figure 3 
shows the finished head in a shielded case after this opera- 
tion is complete and the front face polished. 
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Fic. 4. Constant-current record and playback curve taken at 334 ips. 


The constant current record and playback curve taken at 
33% ips is shown in Fig. 4. The dotted curve is a typical 
one taken on a popular head designed for and operating at 
7% ips. 

The head impedance is approximately 1000 ohms at 3000 
cps. Its output is fed directly into an equalized transistor 
preamplifier. The signal-to-noise ratio measured at 1000 
cps from a 1% third-harmonic distortion signal is 54 db. 
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Fic. 5. Equalized record and playback curve. 


The equalized record and playback curve is shown in 
Fig. 5. This curve is flat within 1.5 db from 100 to 15,000 
cps. The response is down 3 db from 100 to 50 cps. This 
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response was taken 20 db below the 1% third-harmonic 
distortion point. 

As wavelength is equal to tape speed divided by frequency 
(A = ts/f), in order to reproduce a 15-ke signal at 334 ips, 
the head must resolve a wavelength of 250 yin. 

To resolve this wavelength, the effective gap length of the 
tape head must be 125 yin. or less. The capability of the 
RCA high resolution head to perform this task is shown in 
the over-all frequency response in Fig. 5. 


CONCLUSIONS 


Current production based on the above-mentioned design 
criteria has yielded a high-quality, uniform, low-cost tape 
head. Essentially flat response from 50 to 15,000 cps at a 
tape speed of 334 ips is achieved by this high resolution 
head when the proper record and playback equalization is 
employed. 
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The Multichannel Recording for Mastering Purposes 


Mort Fujm, Grorce REHKLAU, JOHN McKnicut, Ampex Professional Products 
Company, Audio Products Division, Redwood City, California 
and 
WitiiaM MILTENBURG, Ampex Audio, Inc., Sunnyvale, California 


In the past, all master recording was done monophonically on full-track, quarter-inch magnetic 
tape, but today most master recording is done stereophonically on three-channel half-inch tape. 
This four-part paper emphasizes the solutions to the problems which are peculiar to three-channel 


recording and multichannel magnetic recorders. 


First, the basic technical requirements and differ- 


ences from single channel recorders are outlined; second, mechanical problems of securing ease of 


operation and flutter and wow are discussed; 


third, the signal-to-noise considerations of track 


width and spacing, and equalization are discussed; and fourth, practical operation of multichannel 


recorders in a recording studio is described. 
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Part 1. Introduction to Magnetic ne for Mastering 
Systems—Mort Fujii . 

Part 2. Mechanical Requirements for a Mastering System 
—George Rehklau 

Part 3. Signal-to-Noise Considerations in “Master Recording 
Systems—John G. McKnight . 

Part 4. Application of Multichannel Equipment in the 
Recording Industry—William Miltenburg 


1. INTRODUCTION TO MAGNETIC RECORDING 
FOR MASTERING SYSTEMS 


S THE beginning of a new decade, the year 1960 seems 

a good point to take stock of our master recording 
techniques and prepare for the future. During the next ten 
years we will undoubtedly see stereophonic recordings come 
of age, both on disks and on magnetic tape. But the initial 
sensationalism of stereo will be dissipated and the demand 


will be for stereophonic recordings of genuine worth, those 
that make a real contribution to listening pleasure. 

In this respect, it must be recognized that the quality of 
the finished product derives from the original master record- 
ing, which in turn depends on the equipment and on the 
methods of operation. This section of the paper and those 
succeeding are aimed at pointing out the basic character- 
istics necessary in magnetic recorders for mastering pur- 
poses, with the final section showing how the equipment 
may be efficiently utilized. 

Why Magnetic Tape? 

With the introduction of magnetic tape equipment, in 
late 1947, came a drastic change in the phonograph record- 
ing industry. Not only was the quality of both master and 
disk improved but also a hitherto unknown degree of flexi- 
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bility was presented to the recording industry. No longer 
was the physical making of a recording strictly a mechanical 
cutting operation. While the mechanical aspects (of trans- 
porting the recording medium past the magnetic heads) re- 
main to this day, the sound storage itself was transformed 
into a magnetic process—with virtually unlimited technical 
advantages. The recorded magnetic tape could be edited, 
pulling together segments of different performances to 
achieve one near-perfect master recording—and this without 
an intolerable waste of musicians’ time. Selections could be 
combined in any desired sequence on one disk. And, very 
importantly, disks of varying sizes and speeds could be made 
from one master tape. 

Since the advent of stereophonic recording, additional 
flexibility has been provided in that the master tapes of one 
performance may be released in either the stereo or mono- 
phonic versions. In fact, today the recording of one per- 
formance may result in release of 3314 rpm disks either 
stereo or monophonic, 45 rpm disks, two- and four-track 


stereo tapes. 


Basic Requirements 
The actual basic requirement is that the end result, the 
disk or tape offered for sale, must satisfy a rather demand- 
ing public. This axiom is complicated by the fact that the 
production master is normally at least one, and perhaps 
two, generations removed from the original recording. With 
each generation, of course, there is a slight degradation in 


quality—and we must still have an acceptable commercial 
product. The original recording must therefore be as perfect 
as possible. 

What, then, should the magnetic tape equipment offer? 
What are the primary specifications? Probably you are 
already answering—high signal to noise, broad frequency 
response, and low flutter and wow. For stereophonic opera- 
tion it is necessary to add precise phasing between channels 
and adequate crosstalk rejection. Each of these primary 
specifications will now be discussed to arrive at some specific 
values. 


Signal-to-Noise Ratio 

At the present state of the art, the signal-to-noise ratio is 
determined by the magnetic tape, with the actual values 
determined by tape speed, track width, and the equalization 
used. 

The signal-to-noise ratio will improve with higher tape 
speeds and wider tracks, but there are practical limitations 
which must also be considered. For example, as tracks are 
made wider the alignment problems become much more 
difficult. Also inherent in wider tracks is the necessity of 
wider tape, and this entails more expensive transports and 
an increased cost of magnetic tape. 

For each successive re-recording of an original tape the 
signal-to-noise ratio will deteriorate, with noise rising cumu- 
latively in each generation. At the present state of the art, 
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a three-channel recorder, using %-in. tape, appears a good 
compromise between practical engineering and economic 
considerations on the one hand and adequate signal-to-noise 
ratio on the other. Such equipment, operating at 15 ips, 
gives a minimum wide band signal-to-noise ratio of 55 db 
referred to the 3% distortion level. 


Frequency Response 

The flattest frequency response possible is required, again 
because the production master may be generations removed 
from the original recording. In re-recording, frequency 
response deviations will probably be multiplied, although 
it is remotely possible that opposing characteristics in two 
machines could result in canceling the deviations. An in- 
crease of frequency response deviation cannot be accepted, 
and certainly there can be no dependence on cancellation. 

A conservative specification would be +2 db from 30 to 
15,000 cps because of variation in tapes, but this is un- 
acceptable for mastering purposes where re-recording is 
involved. The three-channel recorder with %2-in. tape is 
capable of flatter response when it is aligned very carefully 
for use with a particular reel of tape, and such a procedure 
is required for multiple re-recordings. It is possible to 
achieve a response of +'% db from 50 to 15,000 cps, and 
+1 db from 30 to 18,000 cps. 


Flutter and Wow 


Flutter or wow is the amount of deviation from a mean 
frequency, caused by anything in the system that will affect 
tape motion. The rate of deviation determines whether it 
is wow or flutter. For equipment with only one flutter 
component the resultant component in the re-recording 
could be expected to vary between zero and twice the origi- 
nal value. In practice, however, there is more than a single 
component, and flutter becomes more or less like a random 
signal—similar to noise—which adds in an rms fashion dur- 
ing re-recording. This being the case, the minimum accept- 
able flutter specification at the 15-ips tape speed must be 
less than 0.1% rms, including all components between 0 
and 300 cps. Our mastering recorders typically have flutter 
of less than 0.05% peak. 


Phasing between Channels 


The directional quality of stereophonic sound, or of any 
sound we hear, is dependent on the ability of the brain to 
distinguish subtle differences in phase and intensity as sound 
waves arrive first at one ear and then the other. If, in 
storing and reproducing stereo sound, the normal phasing 
between channels is not properly maintained, the result is 
a confusing end product. 

When the recording consists of largely independent 
sources on separate tracks of the tape, phasing is not too 
much of a problem. When those sources are not isolated 
—for example, when recording an instrument on two chan- 
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nels simultaneously to achieve a center effect—it becomes 
more important. And when there are mixing and recombin- 
ing operations to produce two-channel tapes from a three- 
channel master, phasing becomes quite critical. 

Phasing between channels is a function of the alignment 
of head gaps and the wavelength involved. Tolerances are 
more critical at slower tape speeds, where the recorded 
wavelength is shorter for a given frequency. 

At the present state of the art, our multichannel heads 
are manufactured so that all record or reproduct head gaps 
would fall within two parallel lines spaced 0.2 mil apart. 
With the correct azimuth alignment, phase error from chan- 
nel to channel should be within 30 deg at 15,000 cps when 
operating at a tape speed of 15 ips. 


Crosstalk Rejection 


Crosstalk rejection acts the opposite of phasing, in that 
it becomes more critical as the sound sources on separate 
channels become more independent. When adjacent tracks 
are completely independent, crosstalk rejection on the order 
of 60 db in the midrange is desired. For normal stereo- 
phonic mastering, 50-db separation appears more than ade- 
quate, primarily because studio acoustics seldom allow 
greater than 30-db separation from mike to mike. 

This discussion will disregard the acoustical properties of 
the recording studio (which cause crosstalk) and concen- 
trate on the design of the recorder. Here adequate shielding 
between heads, and maximum track spacing in conjunction 
with the practical compromises that have already been 
covered, are the major means of combatting crosstalk. 


Number of Channels 


One way of visualising a multichannel recorder is to think 
of it as three or more separate recorders. Each channel is 
a separate entity, with its own electronic assemblies and 
heads. The major advantage in recording several tracks on 
one tape, instead of each on a separate tape, is in the almost 
perfect time synchronization that be can achieved. 

Serious production difficulties might be encountered in 
trying to record on too many channels. For example, the 
mixing procedure could become as complex as the original 
recording session. 

The popular three-channel recorder has been accepted as 
the standard of the recording industry. It offers the flexi- 
bility and balance required and is especially useful when 
making monophonic and stereo releases from the same 
master. 


Tape Width 
The minimum track width, in conjunction with the num- 
ber of channels desired, is again controlled by both practical 
economic considerations and requirements for extreme qual- 
ity. Signal-to-noise ratio and crosstalk rejection will both 
deteriorate as track width is decreased and the tracks are 
brought closer together. 
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Again, the three-track 2-in. tape recorder seems a good 
compromise. Track width on this equipment is 100 mils 
with adjacent tracks spaced 85 mils apart. This same con- 
figuration could be achieved by six tracks on 1-in. tape. 


If four tracks are placed on %2-in. tape, or eight on 1-in., 
approximately 1'2-db reduction in signal to noise could be 
expected. 


Head Assemblies 


The precise tolerance that must be achieved in aligning 
the different heads in a stack has already been mentioned. 
The same careful precision must be taken to insure the 
straightness of the individual gaps and their perpendicular- 
ity to achieve interchangeability of tapes. 


In older, sandwich-type heads it was practically impossi- 
ble to achieve the required tolerances, with the result that 
master tapes could consistently be reproduced only on the 
equipment that recorded them—and then not too success- 
fully because of differences in the record and reproduce head 
stacks. Quoted specifications were thus not achieved in 
some cases when tapes from one equipment were played 
back on another. 

The introduction of cast-type heads, with tolerances held 
by mechanical considerations, has alleviated this problem. 
Today it should be possible to play back a tape from any 
recorder on any other comparable equipment, and do it 
within quoted specifications. 

The sandwich-type heads were constructed by completely 
assembling each individual head intended for multichannel 
use, stacking those heads one on top of the other, then bolt- 
ing them together. It was impossible to produce heads with 
consistent characteristics; it can be seen that even a slight 
difference in tightening the bolts that held the head together 
could cause gaps to be misplaced with respect to each other 
or the azimuth of each head to be misaligned. 

Cast heads are constructed by assembling, potting, and 
lapping the two halves separately. The two halves are then 
placed in a rigid fixture and potted together. Using this 
technique, all gaps can be aligned within 0.2 mil with a 
maximum tilt of less than two minutes from the perpen- 
dicular. 


2. MECHANICAL REQUIREMENTS FOR A 
MASTERING SYSTEM 


General 


In analyzing the mechanical requirements of a magnetic 
recorder, it is not proposed to transform everyone into an 
expert designer of tape transports. This discussion is in- 
tended only as a guide, to point out certain concepts that 
can be used in determining what constitutes well-designed 
equipment. The discussion will be divided into nine cate- 
gories, in each of which the items of importance in master- 
ing equipment will be covered. 

Before entering that phase, let us understand that the main 
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difficulties encountered by any designer of magnetic tape 
transports concern flutter and wow. Differentiating between 
those two problem children has historically been difficult, 
but speaking generally we can consider that flutter consists 
of components above 6 or 7 cps, with wow components fall- 
ing below that figure. (Normal flutter will extend to ap- 
proximately 300 cps, but tape scrape flutter is usually above 
3500 cps.) Flutter and wow can result from anything that 
affects tape motion; although the drive system of a trans- 
port is most commonly blamed, it is not always the culprit. 

Remember that tape transport design is governed mainly 
by considerations of what is good or bad in relation to 
flutter and wow. 


Drive Requirements 


Designing a drive system usually entails a compromise 
between low flutter requirements and the amount cf money 
we can expect in return. There are ways and means of 
producing transports that exhibit extremely low flutter; the 
accomplishment, however, is accompanied by a high price. 
These ultra-precision drives are usually employed only in 
instrumentation and data-type recorders, with the cost 
precluding their use in the audio field. 


Capstan Assembly 


First, the capstan shaft. A small, round shaft seems 
quite simple and harmless, but it can be a real trouble- 
maker. It must be rounded within 2/10 of one mil and 


mounted in its bearing it cannot exceed 2/10 of a mil run- 


out at the tape contact point. The grind pattern, caused 
in the finishing process, must not be more than 1/100 of 
one mil. The shaft must be corrosion resistant, and suffi- 
ciently hard to withstand wearing (a hardness of 55 Rock- 
well c is considered minimum). 

The diameter of the capstan should be large enough to 
hold tape slippage and creep to a minimum, with a compro- 
mise normally necessary between the diameter and the speed 
of the shaft. For a given tape speed an increase in diameter 
demands a decrease in rotational speed, which in turn re- 
quires more flywheel. 

We generally will use as much flywheel as the drive motor 
can handle while maintaining sync; this is simply a matter 
of damping out cogging of the drive motor and ironing out 
any other irregularities. 

Capstan bearings require careful attention. A combina- 
tion of a sleeve bearing at the top near the tape and a ball 
bearing at the bottom to provide thrust has proved very 
satisfactory. A longer distance between the bearings de- 
creases the runout of the shaft, which might be caused by 
runout of the lower bearing. Long life, low friction, low 
torque, and uniformity of rotation are the primary requisites 
for these bearings. 


Drive Motor 
The drive motor must be of the synchronous type in order 
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to maintain the necessary speed accuracy of +0.15%. 
Hysteresis synchronous motors are usually employed rather 
than salient pole (reluctance) types, although the latter is 
less expensive and provides equivalency insofar as flutter 
is concerned. The reason for this preference is that the 
hysteresis motor will sync a greater mass and thus can 
handle a larger flywheel. 

When we refer to direct drive we mean that the capstan 
is coupled directly to the motor shaft. There are two preva- 
lent types of indirect drive—one using a rim drive and the 
other a belt drive—in both of which the motor drives the 
capstan through an intermediate means. In rim drive the 
capstan flywheel has a rubber rim around the periphery, 
which couples to a pulley on the motor. The motor itself 
usually is moved to make and break the coupling between 
the pulley and the rubber rim. The belt drive is self- 
explanatory. For this application we must lean toward the 
indirect-type drive. 

There are several reasons for this preference. We can 
select the diameter for our capstan which will provide opti- 
mum operation, with no regard for the speed of the motor; 
we then design our reduction ratio to provide the desired 
tape speed. Better mechanical filtering is provided by the 
intermediate coupling between the motor and capstan, thus 
decreasing flutter caused by disturbances exterior to the 
drive system. The unlimited number of reduction ratios 
we can provide give us much greater flexibility in choosing 
drive motors to meet varying speed requirements. 

The speed accuracy of a direct drive is a function of line 
frequency and the tolerances maintained in capstan diame- 
ter. We must recognize that an indirect drive has an addi- 
tional possibility of error in that we must take into account 
the coupling between the motor and the capstan flywheel. 
But if we use a rim drive we have another advantage, in 
that we can compensate for small discrepancies in speed by 
changing the amount of pressure the motor pulley exerts 
on the rim of the flywheel tire. (The rubber tire on the 
flywheel also provides some good damping for the drive 
system.) 


Supply and Take-up Assemblies 


The motors used in the supply and take-up assembly are 
usually of the induction type, with high resistance rotors. 
They produce an inverse torque curve; that is, a straighter 
line curve (see Fig. 1). 

If the reel motors are used to supply hold-back or take-up 
tension, they must be as free as possible from cogging. 
While absolute cog-free operation is unobtainable, it can be 
approached. Cogging in the hold-back system has been 
responsible for many flutter problems that have been blamed 
on the drive system. It would be nice if we could discover 
a reel motor whose torque would change with the tape di- 
ameter on the reel, thus providing a constant tape tension 
throughout the reel of tape. (Many constant tension de- 


= 
= 


= 


<< 


o 264 6 8 0 12 4 6 #8 20 22 24 26 26 30 32 34 3% 


TORQUE (IN OZ) 


Fic. 1. Typical torque curve for turntable motors. 


vices have been used in the past, but those designed for 
audio equipment have not been too successful.) 

The brakes, generally associated with the turntable as- 
semblies, can be either of the mechanical or dynamic type. 
Our feeling has always been that the mechanical brakes 
are superior. With mechanical brakes, a self-limiting, or 
at least a nonenergizing, configuration should be used. 
Energizing-type brakes that are not limiting will give quite 
different braking forces as the coefficient of friction changes 
with variations in temperature and humidity. 

Another consideration in designing the brake system is 
the differential. This differential as applied to magnetic 
tape recorders means the difference in braking force that 
exists between the two directions of turntable rotation, with 
the greater force always acting on the trailing turntable 
(see Fig. 2). The differential is expressed as a ratio, with 
a ratio of 3:1 or greater normally used. Such a ratio gives 
good results in that little tape slack is thrown in the stopping 
process even from the fast-winding modes of tape motion. 


Reel Idlers 


The main purpose of the reel idler is to isolate the heads 
from disturbances originating in the supply motor by tape 
scraping against the reel flanges or by tape pullers slipping 
as the reel unwinds. While the reel idler minimizes such 
disturbances, we must use care or we will create more flutter 
than we eliminate. Reel idlers should have less than %- 
mil runout (total indicator reading), bearings must be se- 
lected for low noise and smoothness of operation and low 
torque and flywheels must be dynamically balanced to close 
limits. The diameter of the idler and the tape wrap around 
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it must insure positive coupling between the tape and the 
idler. 


Mounting Plate 


Mounting plates should be sufficiently rigid to maintain 
a natural resonance above 300 cps—or notably higher than 
the ¥0- and 120-cps exciting frequencies which emit from 
torque motors and drive motors. This rigidity is most im- 
portant in the area surrounding the reel idler, heads and 
capstan; any flexure in this area will cause flutter (Fig. 3). 

Of course, another reason for a rig:d mounting plate is 
to hold alignment between the various components that 
control the tracking of the tape. This is more important. 
on '4-in. tape or 1-in. tape than it is with 4-in. 


Tape Guiding 

Next to flutter, our most difficult problem of tape trans- 
port design is the tape guiding. All components in the tape 
threading path must be kept in accurate alignment—this 
means maintaining exacting tolerance on the perpendicu- 
larity and flatness of all such components (turntables, reel, 
idlers, heads, capstan, etc.). 

The capstan idler must hit the capstan squarely, or the 
tape will be diverted up or down. Tape guides, either 
rotary or fixed, should not be too small in diameter, and 
guide widths must be held to close tolerances—normally 
not more than 2 mils over tape width and preferably less. 
Tape itself is slit to a tolerance of 0 to 4 mils under the 
nominal dimension. 

Tape guiding problems are multiplied when we use thin 
base tapes. This is caused by the loss of stiffness at the 
edge and because we cannot use as high tensions with this 
type of tape. 

All components in the tape path must be kept clean, 
using a solvent recommended by the manufacturer of the 
equipment, or all our design work is useless. This means 
that we must make these components accessible so that the 
user can easily perform the cleaning chore. 


HIGH SIDE ADJUSTMENT LOW SIDE ADJUSTMENT 


Fic. 2. Typical self-limiting brake assembly. 
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CAPSTAN ORIVE MOTOR 


(a) 


AREA MOST CRITICAL 


/ FOR STIFFNESS AND FLATNESS 


a 


Fic. 3. (a) Area of required rigidity. (b) Bottom view of typical 
tape transport with dotted lines outlining rigid mounting plate. 


Operational Requirements 


We must provide adequate torque for the fast forward 
and rewind modes, with the actual torque requirements 
varying with the tape width. But we must bear in mind 
that excessive torque might result in our exceeding the 
elastic limits of the magnetic tape, and hence result in 
breaking or deforming the tape. 

The tape must be stopped without damage. The elastic 
limit of the tape again determines our maximum braking 
force. Since a minimum brake differential must be main- 
tained, this factor also determines our lower braking limit. 

We must have reasonable start and stop times. One- 
tenth of a second is usually satisfactory, with of course 
more time required for high tape speeds, say, 60 or 120 ips. 

It should be apparent that we must provide optimum 
torque and braking force, adequate for fast winding and 


acceptable start and stop times but which will not exceed 
the elastic strength of our medium. Typical values for %- 
in. tape equipment would be 35-40 oz-in. of torque, with 
a maximum braking force of approximately 30 oz. 


Geometry of Layout 
Tape Threading 

From the human engineering standpoint, tape threading 
paths using the wrap-around principle are superior to those 
utilizing a drop-through-the-slot type. The utmost efficiency 
in threading tape would be provided by a transport that 
had a simple wrap-around path from supply reel to take-up 
reel, with no necessity for threading behind idlers, guides, 
etc. (see Fig. 4). Unfortunately this perfection is impossi- 
ble of achievement—although it can be approached—be- 
cause of the necessity for threading the tape between the 
capstan and the capstan idler. 


Tape Wrap 


The amount of wrap around the heads should be held to 
a minimum because the buildup of tape tension will increase 
with the degree of head wrap. A wrap of 4 to 6 deg on 
each side of the head gap has proved quite satisfactory. 

Large tape wraps (in degrees) around small diameters 
should be avoided. This is not only a case of holding ten- 
sion buildup to a minimum. While there are no qualitative 
data available it has been proved that sharp bends around 
small diameters result in measurable losses of recorded high 
frequencies during the first three or four playbacks. 

Tape wrap around the reel idler must be sufficient to 
insure a good, solid coupling between the tape and the idler. 
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Fic. 4. Over-all view of typical tape transport. 
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Fic. 5. Relation of capstan, idler, and heads. 


On our machines operating at 60 and 120 ips, it has been 
necessary to groove the tape contacting area of the idler 
pulley so that the air film is dispelled and good coupling 
is assured. 


Drive Layout 


The heads, capstan, and capstan idler should be arranged 
so that the tape from the heads first contacts the capstan, 
not the idler (Fig. 5). In those layouts where the tape from 
the playback head contacts the idler before reaching the 
capstan, there will be flutter caused by idler runout, by 
variations in the hardness of the rubber around the periph- 
ery, and by bumps or voids in the tire. 


Minimizing Tape Scrape Flutter 

Tape scrape flutter is defined as the longitudinal oscilla- 
tion of the tape excited by tape passage over heads and 
fixed guides. Tape scrape flutter frequency is a function of 
the unsupported length of tape between the capstan and the 
reel idler, in conjunction with the modulus of elasticity of 
the tape. The amplitude of the frequency is a function of 
the surface condition of the tape and surface roughness of 
fixed tape guides and heads. Tape scrape flutter manifests 
itself as modulation noise. It can be seen that we can con- 
trol tape scrape flutter frequency by the placement of the 
reel idler with respect to the capstan, but we do not exercise 
full control over the exciting force. We hope that some day 
infinitely smooth and well-lubricated tape will be available, 
thus reducing this problem.* 


Number of Components 


The number of tape contacting components should be held 
to a minimum, because every additional part means more 
buildup in tape tension. Given a certain tension at the 
supply turntable we will find that we have a considerably 
higher tension at the capstan; this buildup is a function of 
the number of tape contacting components, the degree of 
tape wrap around each, and their surface roughness. The 
geometry of the layout must eliminate unnecessary guide 
posts, idlers, etc. Tension buildup can also be reduced by 
mounting the necessary components on ball bearings or on 
other types of low torque bearings. 


* Further information may be found by referring to articles by 
Phillip Smaller [J. Audio Eng. Soc. 7, 196 (1959)] and Von E. 
Belger and G. Heidorn [RTM 3 (1959) ]. 
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Conclusion 


Careful consideration of every point discussed is neces- 
sary in the production of a tape transport for mastering 
purposes in the recording industry. Sometimes, of course, 
compromises must be made, necessitated by both engineer- 
ing factors and by practical economic considerations. The 
tape transport is the heart of any magnetic tape recorder. 
The utmost care in engineering, in designing, in manufac- 
turing, and in maintaining the equipment is necessary to 
achieve desirable results. 


3. SIGNAL-TO-NOISE CONSIDERATIONS IN MASTER 
RECORDING SYSTEMS 


This part of the paper will discuss two factors which affect 
the signal-to-noise (s/n) ratio in a magnetic recorder: track 
width and spacing as well as equalization, with particular 
reference to some questions which have been raised con- 
cerning the Ampex mastering equalization (AME). 


The Effect of Track Width 


For mastering purposes, where maximum signal-to-noise 
ratio is necessary, wide tracks are desirable. But there are 
limitations to this: economically, the amount of tape used 
and therefore the cost increases roughly in proportion to 
the track width. Technically, beyond a certain track width 
it becomes difficult to maintain accurate azimuth alignment. 
Minimum track-to-track spacing is desirable for greatest 
utilization of the tape width, but excessive crosstalk will 
result if too little spacing is used. 

If the signal-to-noise ratio is determined by the medium 
itself, ie., the medium (tape) noise is at least 8 to 10 db 
above the equipment (reproduce amplifier) noise, then the 
s/n of the system is proportional to the square root of the 
track width.t 

Is the tape noise greater than the amplifier noise? Figure 
6 shows the spectral-noise density for system (biased tape 
plus amplifiers) and equipment (amplifiers, with tape 
stopped) for a full track Model 351 recorder. This shows 


t Let w equal track width, and assume the number of turns on the 
reproduce head to remain constant. Then the signal output is directly 
proportional to w; but the noise output, being a random signal, is 
proportional to the square root of the signal, which is therefore pro- 
portional to Y w. Therefore: signal/noise « w/Y wa Y w. 

It is interesting to note that, in practice, reproduce head signal out- 
put may also be made proportional to the square root of the track 
width. In this case, noise is again proportional to the square root 
of the signal output, or “VY w. Then signal/noise « VY w/*¥ wx V w. 

Let L = head inductance, w = track width, e = head output volt- 
age, and = number of turns on the head. Since e is proportional 
to nm, we would desire the maximum number of turns. But L reso- 
nates with the self-capacity of the head winding, and the cable and 
input stage capacity (assumed constant). It is undesirable for this 
resonance to fall into the audio band, as response falls 12 db/octave 
above resonance; and also since it is difficult to control accurately 
the amplitude and frequency of the resonance. Therefore, it is de- 
sirable to keep the resonance just above the upper end of the audie 
band. We will therefore assume that all heads would be made to 
resonate at the same frequency. Therefore, the inductances must be 
constant. Since ean and Lan’, ea L; since L « w, therefore 
eaw, orex Vw. 


-——_ 
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TaBLe I. Ampex standard audio head configurations dimensions 
and relative signal-to-noise ratios. 


Relative 
signal to 
noise, db 


Tape width, 
in. System 


Track width, 
mils 
3-track master* 100 


4-track master ordu- 70 
plicator master” 


Full track 
Half-track 
2-track stereo 
3-track stereo 
4-track ‘‘ double 
stereo’’ 


Relative 
track width 


1.00 0 
0.70 -15 


2.34 
0.82 
0.75 
0.43 
0.43 


+3.7 
-0.9 
-1.2 
— 3.6 
— 3.6 


* Dimensions of tracks of the 6-track 1-in. system are approxi- 
mately the same as those of the 3-track 44-in. system. 

> Dimensions of the tracks of the 8-track 1-in. system are the 
same as those of the 4-track %-in. system, except that the space at 
the edge is 10 mils. 


that the system noise is about 15 db greater than the equip- 
ment noise in the region of maximum ear sensitivity. 
(Weighted noise figures reflect this as system noise of —60 
db and equipment noise of —75 db relative to “operating 
level,” the nominal 1% distortion level.) Therefore for 
tracks at least 40 mils wide (output 7 db below full track) 
the medium noise will be 8 db or more above the equipment 
noise, and signal to noise will be determined by the medium 
itself. 

Figure 7 is a scale drawing of the standard audio head 
configurations used by Ampex, and Table I gives tie abso- 
lute and relative track widths, and the relative signal-to- 
noise ratios, compared to a 100-mil-wide track. 

There is one limit to the practical track width. As track 
width increases, closer mechanical tolerances must be held 
to maintain the same azimuth alignment, which affects the 
amplitude and the stability of the high-frequency response. 
Azimuth misalignment loss is a function of w tan a/A, where 
w is the track width, a is the azimuth misalignment angle, 
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Fic. 6. Spectral-noise density. Full track 4-in. magnetic tape re- 
corder, Ampex model 351, 15 ips, NAB equalization, Irish 211 biased 
to maximum sensitivity at 1000 cps. 
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Fic. 7. Ampex standard audio record and reproduce head configu- 
rations, and the signal-to-noise ratios relative to a 100-mil-wide 
track. Dimensions in mils. (Erase heads are slightly wider.) 


and d is the recorded wavelength. For a given loss at some 
wavelength, the misalignment angle a must decrease directly 
as the width w increases (tan a is proportional to a for small 
angles). Experience has shown that for 15-ips recording 
speed it is practical to maintain azimuth alignment for track 
widths up to 250 mils. (For lower speeds, say, at 71% ips, 
it is difficult to maintain azimuth alignment for tracks ap- 
preciably greater than 100 mils.) 

So, just how wide should the track be? If tape cost were 
no object, a one-inch tape with three 250-mil tracks would 
be the optimum compromise of azimuth alignment stability 
and signal-to-noise ratio for 15-ips mastering use. Such a 
three-track recorder, with each track 250 mils (for four- 
track, approximately 200 mils each track), is to be made 
available as a stock item by Ampex Professional Audio 
Department for those users who are willing to double their 
tape cost for approximately 4 db greater signal-to-noise 
ratio. A 35-mm sprocket-type film would give the same 
signal-to-noise ratio at a tape cost of 31%4 to 6 times that 
of the one-inch tape.+ 

In most cases cost is an object, and a more practical com- 
promise between performance and economy is the one-half- 
inch tape with three 100-mil tracks. 


Crosstalk 


The problems of crosstalk have been discussed in a pre- 
vious paper.’ Two effects are shown to occur: At long 


+ Based on three tracks: 200 mils each on film, 250 mils each on 
tape; 18-ips film speed, 15-ips tape speed. Film cost is approximately 
$42 (net each, one to six rolls) for 11 min (1000 ft); tape cost is 
approximately $21 to $37 (net each, one to six rolls) for 30 min 
(2400 ft), the price depending on the particular base material ard 
oxide used. 

1R. Sinott and M. Sprinkle, J. Audio Eng. Soc. 5, 86-89 (1957). 
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CROSSTALK IN CHANNEL I RELATIVE TO 
RECORDED LEVEL IN CHANNEL 2, IN db 


Fic. 8. Crosstalk in channel 1 relative to recorded level in channel 
2 vs frequency. Ampex 300-3 (3 channel, %-in. tape) ; NAB equali- 
zation. Channel 2 recording at operating level (nominal 1% distor- 
tion). Channel 1 record head connected and biased normally. 


wavelengths (low frequencies) magnetic coupling occurs (in 
reproduce) between the signal recorded on one track and 
the reproduce head of the other track. At higher frequen- 
cies, the mutual inductance and capacitance between the 
two record heads cause a small amount of the signal from 
one record head to be present in the other record head, and 
therefore to be recorded on that other track. Therefore 
spacing and shielding between cores is important in both 
the record and the reproduce heads. Obviously, the closer 
together the tracks, the more coupling exists (assuming the 
same shielding). Figure 8 shows the crosstalk for a 3-track 
¥y,-in. recorder/reproducer, Ampex Model 300-3. This 


shows crosstalk for a sine-wave signal recorded at operating 


level (nominal 1% distortion). In the midrange (400 to 
4000 cps) the “transformer” crosstalk is —58 to —60 db; 
above 4000 cps the coupling increases to —50 db at 10 ke 
and —43 db at 18 kc. The “long wavelength” crosstalk in- 
creases below 400 cps to a maximum of about —51 db at 
150 cps, then increasing to -35 db at 45 to 70 cps, and 
again at 20 to 25 cps. (These data were taken with a 7-cps 
bandwidth wave analyzer—Hewlett-Packard Model 302A— 
to eliminate noise; the crosstalk above 100 cps is less than 
the wide-band noise.) This shows that with the present 
shielding, the 85-mil track-to-track spacing used for %-in. 
three-track recorders is a good compromise—more spacing 
to reduce crosstalk is unnecessary and wastes space, but any 
greater crosstalk would be audible above the noise. 


Equalization 


Two papers** by one of the authors have discussed sub- 
jects related to equalization in magnetic recorders. Several 
questions which have been received since the publication of 
these papers will be discussed here, since they may be of 
interest to other readers and users of AME. 

Considerable confusion seems to have resulted from link- 
ing together these two papers which were written as two 
entirely independent studies, neither depending on the other. 


2J. G. McKnight, J. Audio Eng. Soc. 7, 5-12 (Jan. 1959). 
3 J. G. McKnight, J. Audio Eng. Soc. 7, 65-71, 80 (Apr. 1959). 
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Design for Minimum Noise (AME) 

“There are two limiting criteria for designing equalization 
in a recording system. One criterion is that of making a 
post-emphasis which will minimize the audible noise from 
the system.” This was the approach discussed in the first 
(January) paper.” The basic data from which this type of 
equalization is designed is the frequency sensitivity charac- 
teristic of the ear; the post-emphasis is designed to mini- 
mize audible noise, and the pre-emphasis to make the over- 
all system flat. The data in that paper show that the new 
equalization will be quieter. (Energy distribution is not 
involved in this approach—it is entirely irrelevant.) 

Does AME result in increased audible distortio~? This 
is a moot point. The purpose of AME is to trade overload 
margin for lower noise level. The first paper? proposes this 
equalization on the basis that one really should use a meter 
which indicates actual tape overload. The vu meter makes 
no pretense of this; we have hypothesized that an equalized 
peak-reading volume indicator would do the job, but we 
have not yet proved it. Since the NAB equalization has a 
great deal of usually unused overload capability at the vu 
“zero” level, many operators have got into the bad practice 
of operating at “pinned” levels. The AME will put the 
maximum level on the tape with the meter operated as the 
ASA Standard proves—“needle pinners”’ will very likely get 
distortion with AME. 


Since the second (April) study* was done using recorded 
samples, a question has been raisej as to whether the AME 
tests were done with live or recorded material. Live pro- 
gram sources were used for all tests, with a variety of types 
of music and studio setups. The listening tests were per- 
formed using an Ampex Model 350-2 (two-channel) re- 
corder, so modified that one microphone input fed a pre- 
amplifier and recording gain control. The signal was then 
split into the two recording channels, which were essentially 
identical except for the record/reproduce equalizations used. 
One channel was NAB, the other the test (AME); in each 
case the over-all response of each channel was flat plus or 
minus % db from 60 to 15,000 cps. Then a switch would 
select one channel or the other to feed the power amplifier 
and speaker. In this way, we were able to make A/B com- 
parisons of noise and distortion, for a standard NAB equal- 
ized channel, and for the test (AME) equalized channel. 
(This equipment was demonstrated at the convention, but 
its description was inadvertently omitted from the Journal 
paper.) We felt that the listening tests made rather severe 
demands on the new equalization, and that it performed 
very satisfactorily, as none of the listening jury was able 
to determine which equalization he was listening to, even 
though he was allowed to operate the A/B switch himself. 

Was the loudspeaker used of high quality, and the listen- 
ing jury representative? The loudspeaker was an Ampex 
theater-type system, which we equalized to 12 kc. One 
could not defend this as being the ultimate loudspeaker, but 
it seemed to produce a satisfactory sound quality. The 
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listening jury was representative of critical listeners; it in- 
cluded design and research engineers, musicians, and record- 
ing engineers. 

The Ampex master equalization, then, was designed spe- 
cifically to minimize audible noise—we have purposely 
traded overload margin for lower noise level. There is no 
doubt that AME lowers the noise level; and if levels are 
held to zero level on a vu meter, overload distortion should 
not be audible. 


Design for Equal Probability of Overload at All Frequencies 


The second criterion is that of designing the pre-emphasis 
so that the system will have equal probability of overload 
at all frequencies; then the volume indicator may be de- 
signed primarily for balancing levels. For this purpose, we 
are primarily interested in the distribution of peak energy. 

In the energy distribution study,* was the reference vu 
meter against which peak levels are determined a standard 
vu meter? A Weston Model 862 meter was used, con- 
nected with the specified building-out resistor, across a ter- 
minated 600-ohm source; while we did not ourselves test 
this meter, these Weston meters are usually accepted as 
meeting the ASA Standard, C16.5-1954, for volume indi- 
cators. 


Is it valid to assume that the energy distribution in re- 
cordings is representative of that in live programs? We are 
concerned with two possible distortions that may occur in 
the record/reproduce process: amplitude distortion and 
phase distortion. The first paper? shows that, for a 15-ips 
recorder, a signal whose amplitude is 9 db above the zero 
(nominal 1% distortion) level will be compressed 1 db, 
and be reproduced as +8 db; likewise, +12 db will be 
compressed 2 db, and reproduce as +10 db. Therefore, if 
we know that the reproduced total peak energy did not ex- 
ceed +8 (or +10) the original signal did not exceed +-9 
(or -+12), and the compression was no greater than 1 (or 
2) db. (This only applies for the “master tapes”; in the 


case of the “copies,” we do not know what compression 
might have occurred in the “master.’’) 

This information on tape compression was shown in each 
of the energy distribution graphs.* Figure 9 reproduces 
one of the “spectrum analysis of recorded music” graphs to 
show the peak energy in the total band (+6 db, in this 
case) and the level required for 1 and 2 db of tape com- 
pression (+8 and +10 db, in this case). In only one of 
the eight master tapes used was the total level great enough 
to cause 1 db of compression by the tape. None of the six 
copies of master tapes reached the 1-db compression level. 
This is typical of all of the 76 recordings used—the recorded 
levels were low enough so that no appreciable amplitude 
distortion occurred. 

The question of phase distortion was not studied. We 
are aware that phase distortion does occur in our recorders. 
Therefore, it is quite possible that the peak energy, total 
band data* may be in error due to the phase distortion. 
However, the distribution should not be affected as this is 
measured in small bands, which would not be affected by 
phase shift. 

Therefore, we believe that the distribution of peak energy, 
as determined from these recordings, is also representative 
of live music. 

The second paper* shows that if we are to design a pre- 
emphasis strictly in accordance with maximum energy dis- 
tribution, we are not justified in using any pre-emphasis at 
all. The present NAB curve‘ essentially fulfills this re- 
quirement. 


Conclusions 


We have shown that the one-half-inch three-track tape 
recorder provides a good compromise between signal-to- 
noise ratio and tape cost. If tape cost were no object, a 
one-inch tape would give 4 db additional signal-to-noise 
ratio. The Ampex master equalization gives approximately 
7 db lower noise level at the expense of overload capability; 
if the level is not allowed to rise above the nominal zero 
level, with peaks to +2 or 3 db, the distortion should not 
be increased noticeably. 


4. APPLICATION OF MULTICHANNEL EQUIPMENT 
IN THE RECORDING INDUSTRY 


In the operation of the recording studio, the techniques 
of multichannel recording offer many advantages: in flexi- 
bility, in insuring quality at minimum cost, and in providing 
masters which can be used again and again as our require- 
ments change with the demands of the industry. 

Let us first consider the need for flexibility of operation 
(see Fig. 10). This need is apparent at the start of any 
recording session when the engineer must set up the orches- 
tra. Using the multitrack recording technique the precise 
placement of the different musical instruments is unneces- 


47. G. McKnight, J. Audio Eng. Soc. 8, 146 (July 1960). 
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Fic. 10. Recording session. 


sary. The engineer can arrange the various sections in any 
configuration he desires, with his only consideration that 
of achieving adequate isolation for proper separation, while 
maintaining audible contact between the musicians. 

He then proceeds to record each section on a separate 
track of the magnetic tape. Using professional quality 
equipment, he does not have to worry too much about phas- 
ing problems in the final mix. He may also check the 
stereophonic and monophonic balance during actual record- 
ing by combining the monitor circuits. During the subse- 
quent re-recording procedure he can rebalance, equalize, and 
add reverberation as necessary. The re-recording procedure 
actually affords him a second opportunity to achieve nearly 
perfect results. 

The multichannel recorder also allows the engineer to add 
a soloist or vocalist to an original recording. Perfection by 
the orchestra is probably the most time-consuming (and ex- 
pensive) part of any recording session, while the solo artist 
is usually very sensitive to interruptions and multiple re- 
takes. If we remove the mistakes and rehearsals of one 
from those of the other, we will thus most efficiently utilize 
time and money while producing an over-all better product. 

In multitrack recording it is necessary to record only one 
master. This master can then be mixed and balanced to 
produce both stereophonic and monophonic %-in. master 
tapes. This flexibility eliminates the need for duplicate 
equipment and personnel to operate and maintain it. 

Now let us take a look at how multichannel recording 
can insure quality at minimum cost. This characteristic is 
best emphasized in the re-recording process, where the engi- 
neer rebalances, re-equalizes, and adds reverberation. Many 
a session which would normally have resulted in a poor rec- 
ord has been saved by the judicious use of these three tools 
during re-recording. It is interesting to note here that the 
engineer in multichannel recording is no longer simply the 
man we look to for technical achievements, he is fast ap- 
proaching the importance of the orchestra director in at- 
taining artistic results. 

The flexibility we have already discussed also is an aid 
in securing quality at less cost. Surely, as we decrease the 
pressure inherent in any recording session we can expect 
better results, and this is exactly what our flexible approach 
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allows. Certainly, the pressure on the orchestra is less if 
a slight unbalance between sections can be corrected; if 
technical perfection and artistic perfection do not have to 
be achieved simultaneously. A solo artist is much more 
apt to be relaxed and thus give a better performance if he 
knows he can take as much time as he desires without add- 
ing excessively to the orchestral expenses. 


With the ever-changing demands of the record industry 
we must have some way of insuring that any future require- 
ment can be met. This is best done by editing the original 
multitrack masters. These edited masters may be re- 
recorded (with appropriate equalization) for use as 4-in. 
monaural masters, and %-in. stereophonic masters for use 
in lacquer channels or for high-speed duplication. We can 
thereby maintain our original recording on file. 


Such a file is a near priceless possession. It can be used 
again and again to produce working masters for any type 
of recording at any speed. Imagine their value if we had 
the best of Caruso, John McCormack, or Galli-Curci avail- 
able on master tapes today. 


If Mylar-base tapes are used for these studio masters, the 
durability and storage life will be further improved. 

With this general picture in mind, we can now proceed 
to a more specific plane. 

As previously mentioned, the first thought of the engineer 
in multichannel recording is the proper separation of the 
sound sources to be recorded on the different tracks. This 
starts with the studio itself. For popular-type repertoire, 
probably the best results are achieved in a dead studio, 
where unwanted reverberation and acoustic coupling be- 
tween microphones are eliminated. This is achieved by 
physical properties—acoustic tile, perforated transite, poly- 
cylindrical panels, etc. Flats, or separators, with acoustic 
tile on one side for absorption and a hard material on the 
other side for reflection, can be inserted between groups. 
Isolation booths are also frequently used, especially when 
vocalist or soloists are to be recorded with a full orchestra. 

One way to achieve instrumental separation is to use uni- 
directional microphones with back-side cancellation in the 
order of 25 to 35 db. It is also possible to use acoustic 
devices such as a bass separator. Drums and traps are 
sometimes isolated by putting a rug or heavy blanket over 
them to prevent the sound from spreading through the 
studio. 

As shown in Fig. 11, proper separation depends on the 
physical placement of properties. 

During re-recording sessions, special types of equalization 
are used to accentuate or attenuate certain frequencies. This 
is done under controlled conditions, in contrast to the regu- 
lar recording sessions where one is usually limited to the 
conventional boost or dip-type equalizer. The judicious use 
of equalization can change the characteristics of a voice or 
an instrument quite drastically, depending upon the particu- 
lar need of the moment. The re-equalization process is thus 
a means of achieving the desired frequency response under 
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Fic. 11. Transferring session. 


highly controlled conditions. It is much easier to obtain in 
the re-recording process than in the original session. 

It can prove advantageous in other ways. For instance, 
it is very helpful when a certain instrument or voice has 
been lost during an original recording. The application of 
special equalization on a separate channel sometimes will 
make it possible to pull out this certain instrument from a 
group—thus saving, or at least improving, the recording. 

There are three types of reverberation commonly used in 
the recording industry today: room, electronic, or tape. 
Rooms may be designed with polycylindrical columns, non- 
parallel walls, and ceilings, etc. They are made of concrete, 
tile, plaster, etc. The reverberation times will vary from 
1% to 5% sec. 

Reverberation may be included in the original record- 
ing; however, certain companies prefer to add this effect 
during the re-recording process. At that time, the signal is 
reproduced from the original tape and fed to the mixer. If 
room-type reverberation is used, part of the signal is routed 
through amplifying circuits to a reverberation chamber, 
where it is fed into a loudspeaker. The signal is then picked 
up by a microphone. The mike circuit is fed back to the 
mixer and recombined with the original signal. 

A few years ago a company in Germany introduced an 
electronic reverberation unit, consisting of a pair of trans- 
ducers mounted on a large steel plate. The signal is fed 
from the mixer to an amplifier which is used to excite the 
steel plate through one transducer, when the plate vibrates 
the other transducer picks up the signal and returns it to 
the mixer. Reverberation time can be varied from ™% to 
5% sec; damping is used to change the reverberation time. 

Probably everyone is well aware of tape reverberation, or 
at least the sounds that are obtained by tape reverberation. 
We have all heard commercials where there actually seem 
to be two voices—one on top of the other. These are pro- 
duced by taking the signal off the tape and feeding it back 
into the recorder. An example of equipment for this appli- 
cation is a tape reverberation unit which utilizes a loop of 


tape about three feet long. The loop runs continuously 
over a series of playback heads. The signal is fed from the 
mixer to the single record head on the unit. The operator 
can select the proper playback head to give him the desired 
time delay. 

In adding a vocalist or soloist to a previously recorded 
tape, the engineer has a choice of two procedures. He can 
use either selective synchronization or use two machines to 
dub voice and music to another tape. 

Selective synchronization (sel-sync, for short) is simply 
a switching arrangement which allows selected record heads 
to act as playback devices during a voice-over session. This 
allows reproduction from other tracks, from heads in the 
same stack and thus in precise alignment, to be recorded in 
synchronism with previously recorded music. Inherent in 
this procedure is the necessity of having one track for the 
exclusive use of the soloist, so that he can record, erase, and 
record again until he is satisfied with the performance. Its 
great advantage lies in the fact that only one recorder is 
necessary. 

When the two-recorder method is used, the master is 
played back using headphones or loudspeakers, and a new 
tape is recorded. An additional generation is involved, 
with a subsequent increase in tape hiss. However rebalanc- 
ing, re-equalizing, and adding reverberation can be accom- 
plished during the over-dubbing process. If equipment is 
available, both a two-track stereophonic and a monophonic 
master can be produced during this voice over session. This 
eliminates another re-recording process and still gives a 
multichannel protection. 


There are always questions with respect to the deteriora- 
tion of signal to noise when multichannel tapes are re- 
recorded to produce two-track stereophonic or monophonic 
masters. If the equipment is maintained to professional 
standards, the slight increase in noise will not affect the 
end product to an appreciable degree. In fact, most com- 
panies re-record and change the balance on their 1%-in. 
single- or two-track tapes. Bearing this in mind, any change 
in signal to noise which occurs when we re-record three- 
track tapes will not be appreciably different from the change 
in a rebalanced '4-in. tape. 

Most multichannel master recorders use %-in. tape or 
wider. To obtain the best high-frequency response, 1-mil 
base magnetic tape is used. This is due to the better head 
wrap (i.e., contact) obtained with the thinner, more flexible 
base. Most professional recorders will hold reels containing 
3750 ft of 1-mil base tape, cutting reloading time to a mini- 
mum and allowing the artists to perform a complete work 
without interruption. One-mil tapes %-in. wide are also 
less likely to be damaged by tearing or stretching, thus 
minimizing one of the constant problems when using original 
masters in production channels. 
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THE AUTHORS 


John G. McKnight, who was born in Seattle in 1931, studied 
at Stanford University, and received his B.S. in electrical engi- 
neering there in 1952. 

In 1953, he worked for the Ampex Corporation on the de- 
velopment of cinemascope-stereophonic sound equipment. He 
spent the years 1953-1956 in the U. S. Army, assigned to the 
engineering staff of the Armed Forces Radio Service in New 
York. During this time, he also worked as development engi- 
neer for the Gotham and the Narma Audio Development Com- 
panies. He returned to Ampex in 1956, where he was a senior 
engineer in the research division; in 1959, he became manager 
of the Advanced Audio Section of the Professional Audio 
Division. He has always been interested in the problems of 
magnetic recording, specifically as they concern music, and has 
published several papers on this subject. 

Mr. McKnight is a member of the Audio Engineering So- 
ciety, and an affiliate member of the Institute of Radio Engi- 
neers. 


W. M. Fuyn 


W. M. Fujii received his B.S.S.E. in 1952 from the Illinois 
Institute of Technology. He joined Ampex in 1955. He has 
worked on high-speed duplicating equipment, high-fidelity 
audio systems, custom design, and modification of standard 
equipment. Mr. Fujii was in complete charge of design and 
development of a portable recorder/reproducer for government 
use where tape speed was held constant despite wide variations 
in power line voltage and frequency. He is presently in charge 
of the design and development of a miniature recording and 
reproducing equipment, also under government contract. Prior 
to joining Ampex he was employed by RCA in the broadcast 
equipment section. There he worked with transcription turn- 
tables, magnetic tape recorders, studio consoles, magnetic strips, 
and military TV equipment. 

Mr. Fujii is a member of the IRE and AES. 


George Rehklau attended the Air Mechanics School, Aero- 
nautical University, Chicago, and Aircraft Electrical and Pro- 
peller Specialist courses at Chanute Field, Illinois. He served 
in New Guinea during the war years. 

From 1945 to 1949 he worked for United Air Lines as a 
design draftsman. During this period he was a night student 
at the Institute of Design, Chicago. 


Gerorce REHKLAU 


He has been with Ampex Corporation since February, 1949. 
He did mechanical design work on the Ampex Models 300, 
400, 400A, 500, and 600, with the industrial design of the last- 
named model also his responsibility. He was project engineer, 
and did all the mechanical design for the Ampex Model 350 
tape transport. He was in charge of mechanical design on the 
Navy’s UNQ-7 shipboard recorder and the AR-102 airborne 
unit, and received a patent for the capstan assembly on these 
machines. He was project engineer for Ampex precision reels, 
containers, and hold-down knobs used on the instrumentation 
equipment, and patents are now pending as a result of this 
work. 

He is now engaged as a project engineer working with the 
Ampex line of professional audio recorders. 


W. H. Mictensvurc 


William H. Miltenburg was born in Los Angeles in 1918, and 
attended the California Institute of Technology. He worked 
as a sound engineer for several major motion picture studios, 
ie., Warner Bros., Columbia, Universal International, and sev- 
eral major independent studios. In 1947, he joined RCA in 
Hollywood as a recording engineer for RCA’s film studios, and 
later transferred to the RCA record division. In 1954, he was 
transferred to New York and promoted to chief engineer and 
manager of recording for the RCA Victor record division. In 
1960 he joined the Ampex Corporation as operations manager 
of the newly formed United Stereo Tape Division of Ampex 
Audio Company. 

Mr. Miltenburg is a Fellow of the Audio Engineering So- 
ciety, a member of the SMPTE, and National Academy of 
Recording Arts and Sciences. 
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The Physical Conditions for Optimum Bass Reflex Cabinets” 


L. Keres 


Berlin, Germany 


ANY papers have been published on the subject of bass 

reflex cabinets in the last two decades in the inter- 
national literature, especially in American literature. The 
basic idea for this kind of loudspeaker mounting (see Fig. 
1) was first suggested by Thuras' in 1932. Further theo- 
retical details were discussed later by Hockstra? and Smith* 
in 1940 and 1945, respectively. 

The advantages of the use of a bass reflex cabinet are as 
follows: the magnitude of the sound radiation of the loud- 
speaker system in the low-frequency range can be extended 
(see Worden,* Plach and Williams,® Stocklin,® Jordan,’ and 
Moir*), the amplitude of the loudspeaker diaphragm near 
the low-frequency fundamental resonance is reduced, the 
nonlinear distortions are reduced, and the transient response 
time is shortened. 


In a great number of later publications, many authors 
discuss some of the problems involved in detail. The ques- 


*The vented acoustical enclosure or, in audio engineering ter- 
minology, the “bass reflex cabinet” has become one of the most 
commonly used acoustical loads for loudspeaker units for music 
reproduction. 

The acoustical impedance of the enclosure and the radiation from 
the port can be used to extend the useful lower end of the frequency 
range. The reactive component of the enclosure, however, may re- 
sult in an audible deterioration of transient passages in the repro- 
duction if the cabinet is not properly designed. 

The question of finding the optimum solution for the extension of 
the steady state frequency response and for the transient behavior 
at the same time has not been answered in any of the many publi- 
cations on this subject. 

It was therefore decided to translate the above paper by L. 
Keibs. Keibs makes use of the results of Kaczinski and of Kotowski 
and Lichte on the subjective perceptibility of transient distortion 
and combines these results with his calculations for an optimum 
extension of the low-frequency range of radiation. He finds that the 
loudspeaker units commonly used in enclosures have too small in- 
ternal damping to obtain any optimum solution. HettmutH Erzoxp, 
Acoustical Consultant 

1A. L. Thuras, “Sound Translating Device,” U. S. Patent 1,869,178 
(July, 1932). 

2 C. E. Hockstra, Electronics 34 (March, 1940). 

3F.W. Smith, Communications 35 (August, 1945). 

4D. W. Worden, Audio Eng. 15-17 (Dec., 1950). 

5D. J. Plach and P. B. Williams, Audio Eng. 12-14, 33-37 (July, 
1951). 
6W. A. Stocklin, Radio and Television News 43-47, 149-152 (May, 
1953). 

TE. J. Jordan, Wireless World, 75-79 (Feb., 1956). 

8 J. Moir, Audio Eng. 23 (Oct., 1956). 
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Fic. 1. Principal arrangement of a bass reflex cabinet. 


tion of the necessary volume of the enclosure when used as 
a Helmholtz resonator with or without a neck is discussed 
and data are given for the relation between volume reso- 
nator opening, resonator neck, and resonating frequency of 
the enclosure.*>;*1* 


Many graphic representations are given to demonstrate 
these relations.**'*"* In some of the publications the use 
of relatively small volumes is discussed with a correspond- 
ing selection of the dimension of the neck of the resona- 
tor.©*-19.11,15 Figures are given for the results of measure- 
ments in comparison with baffles, completely enclosed hous- 
ings, and horns as well as the combination of bass reflex 
cabinets with a horn system.5*:!1)18 


The question of the most favorable relation between the 
opening of the orifice of the resonator and the diameter of the 
loudspeaker diaphragm has been derived. The figures men- 
tioned in the publications vary from 0.25 to 2.4:5:7-% 11.12.1416 
Also, the question of the relation between the effective vol- 
ume to the geometric volume is discussed** as well as dif- 
ferent relations between the effective length of the neck to 
the geometric length of the neck.*:''!* In the selection of 


9 J. Kripl, Radiotechnik 135-138 (1952). 
10 J. A. Youngmark, J. Brit. Inst. Radio Engrs. 13, 89-98 (1953). 
11E. J. Jordan, Wireless World 8-14 (Jan., 1956). 
12 E. J. Jordan, Audio Eng. 40, No. 8, 15-17, 40-42 (1956). 
13 E. J. Jordan, Audio Eng. 34-42, 82-86 (Sept., 1956). 

14F, F. Planer and J. J. Boswell, Audio Eng. 29, 43-45 (May, 
1948). 

15 B. H. Smith, Audio Eng. 22 (Dec., 1950). 

16 J. A. Youngmark, Audio Eng. 18, 46 (Sept., 1951). 

17H. Gemperle, Electrotech. Z. 73 (1952). 

18 FE. Skudrzyk, Die Grundlagen der Akustik (Springer-Verlag, 
Vienna, 1954). 
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PHYSICAL CONDITIONS FOR OPTIMUM BASS REFLEX CABINETS 259 


the resonance of the cabinet the general consensus is that 
this resonance should be equal to the resonance of the loud- 
speaker unit.*-*7-*1*16 In some of the publications, details 
may be found concerning the resonant frequency of the total 
coupled system of the loudspeaker unit with the enclosure, 
which is derived partly from theoretical considerations and 
partly from impedance measurements at the loudspeaker 
coils.>-*:19-11,13,14,17,18 Some of the authors give values for 
the measured distortion in the low-frequency range com- 
paring them with measurements of other loudspeaker sys- 
tems.** In spite of the discussion on all these questions, 
the basic problem has not been solved: namely, a determina- 
tion of an expression for the total sound radiation from the 
bass reflex cabinet derived from the movements of the !oud- 
speaker diaphragm and from the radiation of the resonator 
orifice as a function of the physical data of the loudspeaker 
unit and the data of the enclosure. To obtain quantitative 
knowledge on the complete steady state and transient be- 
havior of vented enclosures, it is necessary to have data on 
the relationship of the sound radiation from the loudspeaker 
diaphragm and from the orifice of the enclosure. In some 
of the publications®*:'* qualitative data may be found 
which are not quite clear and are partially contradictory. 
In all treatises, however, quantitative information on the 
complex quantity of the velocity is missing, the knowledge 
of which would allow a description of the resulting sound 
radiation. 

In most of the publications referred to above, the damp- 
ing of the acoustical system is usually neglected; at least 
there is no attempt made to quantitatively determine the 
optimum required damping. Some of the authors limit 
their discussion on the influence of the motional impedance 
of the loudspeaker unit and of the output impedance of the 
amplifier used; some discuss either the lining of the en- 
closure walls*-®.*:!2-15.16.19 or the damping of the resonator 
by mounting damping material in the orifice.4.7* 

The main shortcomings of the publications mentioned 
and of the methods of discussing the subject are that the 
basic physical equations of the electric circuit and the me- 
chanical equations of the circuit between loudspeaker dia- 
phragm and Helmholtz resonator are not discussed. In spite 
of this, an analogous electric representation for the proper- 
ties of the cabinet is used, which is an incomplete represen- 
tation and therefore leads to wrong conclusions.*:1!-"4.20-= 

From the above it appears logical to attack the problem 
from a fundamentally theoretical standpoint. Therefore, it 
is the purpose of this paper to discuss the optimum damping 
to obtain optimum transient response. 


19 E. M. Villchur, Audio Eng. 40, 22, 34 (Aug., 1956). 

20 W. Biirck, Radio Mentor 419-424 (Sept., 1949). 

21H. Gemperle; Radiotechnik 245-249 (1951). 

22 A. Boleslav, “Reproduktory A Ozvucnice,” Statni Nakladatelstvi 
Technicke Literature, Prague 1957, pp. 109-114. 


STEADY STATE BEHAVIOR 


In a generalized representation, the relationship between 
a driving diaphragm 1 and a driven diaphragm 2 in a rigid 
vented enclosure, the following two equations are valid: 


-c » 
my 2," + yay + 82, + “88,2, + 8.2) =F = Beli 


and (1) 


2 
My *_" + 14°’, + 84° 8, + * 8, (8,2, + 8,-2,) = 0 


The following additional conditions apply: The dia- 
phragms are coupled by means of the enclosure volume 
which is small compared to the wavelength in the frequency 
range considered. The equations describe the steady state 
conditions. The diaphragms are considered to move as 
pistons. 

For the electrical conditions at the moving coil the fol- 
lowing equation applies**: 


L,:i' + Ro i+ B-l-2’?=U=U;—i-R - (2) 


where S, and Sz are the effective surfaces of the diaphragms; 
m, and mz are the effective masses of the diaphragms: 5, 
and 5» are the effective stiffness of the diaphragms; r, and 
re are the effective resistances of the diaphragms; x, and x2 
are the excursion of the diaphragms; V is the volume of the 
enclosure; p is the density of air; c is the velocity of sound; 
F = B:-l-i is the driving force; U is the voltage across the 
voice coil; U; is the open end voltage of the amplifier; i is 
the current through the voice coil; R; is the dc resistance of 
the amplifier output circuit (the inductive component will be 
neglected); Ro is the dc resistance of the voice coil; Ly is 
the inductance of the voice coil; B is the magnetic induction 
in the gap, and / is the length of the voice coil wire. 
For consideration of periodic events we obtain: 


U, = 0: ei ;i=i-ejot ; a, =r, = 0, - eo 


and a 
#,' = 0, = 0, ° elem 
, ee a Peek - 5 ; 
jroo: my +7, — 7° FE 81° (8,0 + 8,0) = Bobi 
(1a) 
a pc* 


j- 0: my" By + Fa°ty— Ft *ty— FL 8, (8,0, + S,-t) = 0 


and 


V-w 


£- (Ri + Ry + jo) + B-t-v= 0; (a) 


The mathematical combination of Eqs. (la) and (2a) 
yields: 


23H. Stenzel, Handbuch der Experimentalphysik, 17 (1934). 
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a a (B-lP a ‘ 8 7 
p+ ws m,*0, + nt RP. + Ro + jw tie it oes 


é a a 
—i-7—'8, (8, +0, + S,+ 0.) = 


U,- Bel 
Ri+ Ro + jol,’ 


(3) 
feo my Oy ry Oyj 04 i a. (5, -0,+8,-,) = 9 


V- 


In the following considerations, the influence of the voice 
coil inductance Ly in the region of the operational range of 
the enclosure may be neglected. The solutions for v,+ and 
vet for Eqs. (3) are: 


5 BE fe den 2a] 
Nos ilo 3 FE) 


and correspondingly 


“ Bei ys 8-8)/ 
[Net aera ti(m—2- FE a) 


vile foal] + Sara 


With respect to diaphragm 1 the oscillating system has 
the impedance: 


(5) 
and after some mathematical operations 


t Here and throughout paper v: and v2 represent v: and v2 with 
carets appearing in the equations. 


tentaaEt 
PO as 3.2 
+ ao gi 
Sree 
{Cra Fi By 
Spica ae (#-—. s,) 
w-m,- V2 \(z ’ a“) + (we — ; s.)| 


which is driven by the constant force 
B-l-%,/R,i + Ro 


and when #, is kept constant with varying frequency. The 
motional resistance (B-/)*/R;-+ Ro adds to the mechani- 
cal resistance of system No. 1. The total resistance com- 
posed of these two parts will be designated as r,; the driving 
force B-1-%,/R;+ Ro as F. Equations (4) allow the use 
of the electrical representation as shown in Fig. 2.24 By 
multiplying both sides of Eqs. (4) with w*/(m, + mz),* we 
obtain: 


Furthermore, the following auxiliary quantities are intro- 
duced: 


24G. Buchmann, Radio Mentor 454-456 (July, 1957). 
+ In this expression, and throughout paper wherever w appears, 
the w represents w appearing in equations. 
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Fic. 2. Electrical representation of a bass reflex cabinet according 
to Eqs. (4). 


24 FG Bt = ot + Pe +82 = w,* (7 a) 
1 


and 


82 = wy? (7 b) 


where w, is the resonance frequency of the loudspeaker unit 
in the nonvented enclosure, wy, is the resonance frequency 
of the system coupled to the speaker unit, and wy, is the 
free resonance frequency of the unit (in baffle). Then we 
obtain from Eq. (6): 


[ioe nt fone eo 


and (8) 


- 8? s,\ 


Resonance for the driving system occurs when the imped- 
ance from Eq. (5), and consequently the term for v be- 
comes real. 

After substitution of w, and wy, into Eq. (5), the total 
impedance for the driving system becomes: 


a p?- c S,2- 8.2 
Z=7,+ aap”? T, ¥ . + 
(2 o) + (w* — wy"? (9) 
er 2 of een 
+j “=. .—-. — 8?-S)- _ “= 
w -_* w*m,° V (7 i 2] + (w*—w,*)* 
Ms 
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The zeros of the imaginary part of the impedance are ob- 
tained from Eq. (10): 


ea fre mar 


p?-ct (10) 
ak 82-82 


= (w* — wy") 


In two cases the solution allows a physical interpretation: 
(a) For wy = w,, we obtain: 


a 
BE srs [2 ont = (2) |'+ ‘m,* ne a 82-82 — wy* 
2. we = wy," (11) 
2 oa —(2) 
3. wf= 2 — + 


en Yi r.\2]2 4 
+ sleent (BN) + tag ve Bot 
(b) For (re/mz*w)*? <<! we obtain: 


Pp? . c 
x (cog? + 4") + am, Vee Ae? 


. «f-a) (12) 
2 2 
ate 5 oy 


-¢ 
+|/% (wg? + wy*)? + wi SSP — egg? 


Case (a) would limit a priori the lower cutoff frequency 
of the vented enclosure to the frequency w,, which is higher 
than the unit resonance because of the stiffness of the air 
volume corresponding to Eq. (7a). 

In case (b) the choice of wy is open with respect to wy, 
meaning that w, may be used for extension of the fre- 
quency range to lower frequencies. 

The condition for the zeros of case (b) (r2/mz+w)? <<! 
is also required for a better radiation by diaphragm 2, be- 
cause the ratio of the velocities of both diaphragms 
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derived form Eqs. (8) allows for the deduction that the 
greater velocity of diaphragm 2 occurs when the resistance 
in the denominator of the quotient decreases. 

Using a Helmholtz resonator with or without a neck for 
the coupled system No. 2, this condition can be fulfilled as 
shown by the following example: for a circular resonator 
with the radius R we obtain, according to Rayleigh’: 


and 


Substituting the constants for p and c, we have: 


( s y= (8,6 -10-*- R- w? 
my ° © 


For a radius of the orifice of 10 cm and a frequency of 100 
cps this term becomes 2.9 10% which is <<}. For still 
smaller orifices and lower frequencies the condition is ful- 
filled even better. 

In the following deduction only such resonators are con- 
sidered which have no stiffness, thus obtaining in accord- 
ance with Eq. (7a): 


For case (b) the velocity amplitudes at zero become, ac- 
cording to Eq. (8): 


aA F a F 8, 1 
asian sis at: 2 Fa Ae 
* = wy 
aA FV tT? a F 2 
. _ a aa oa — 14 
by we? = Fee B? my wm, 8, - 
4 2 &. 
DY ws woul 4 _ t, & (a 4 
on 


In the real part of the impedance Z [see Eq. (5) | for the 
lowest and for the highest frequency at which a zero occurs 
the second term becomes small with respect to the first one 
and can be omitted; at the intermediate frequency where a 
zero occurs, the first term becomes small with respect to 
the second one and can be neglected. A closer estimation 
shows that this procedure is permitted. 

It is obvious that at the lower resonance the velocities 2, 
and vs are opposite in phase and cause a partial cancella- 


25 Lord Rayleigh, Theory of Sound (Dover Publications, New 
York, 1956). 
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tion of the total sound energy flux 7, +S, + vo* Sz: this 
term, therefore, does not contribute substantially to the 
sound radiation. 

At the intermediate resonance the velocities v,; and v2 are 
90° out of phase where v,; is very small because of the small 
value of the term r2/mz (anti-resonance) ; the flux of energy 
is therefore essentially proportional to v.. 

At the upper resonance the velocities v, and v2 are in 
phase which is equivalent to an addition of the correspond- 
ing amount of radiation. 

To determine the power versus frequency function for the 
radiated power from a bass reflex cabinet the energy flux 
from the diaphragms v,* 5S, and ve* Ss must be added vee- 
torially. The radiated power then becomes 

a A 2 
P=| »,-8,+ v,- 8,| - 


-w (15) 


a 
2e-a 
In the case of a single diaphragm of the radius R this 
formula becomes identical with Rayleigh’s formula for the 

radiated power from a piston, radiating from one side: 
P = Vme2* (p* 2/20) * Rt 


By substituting the terms for v; and v2 from Eq. (8) in 
Eq. (15), we obtain for the total radiation response: 


=e (Pmcm) at owt sel'/ 


/\\2- w+j(w*— a]. icaih re 83-8) 
m,"m, 


P= 


For (r2/mz2*w)* << 1 the terms which contain r2/mz may 
be neglected. After multiplying the factors of the denomi- 
nator and rearranging according to powers of w, and ob- 
serving the following relation for the stiffness free dia- 
phragm 2, 
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Relating the variable frequency w to the resonance fre- 
quency of the closed box w, by dividing numerator and 
denominator by (w,)* the radiation of the bass reflex cabi- 
net becomes: 
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Putting w, — 0, we obtain the power response for the 
closed cabinet as a comparison: 


A steady resonance-free response of the radiated power of 
a bass reflex cabinet could be obtained when it would be 
possible to make the coefficients of (w/w,)®, (w/w,)*, and 
(w/w,)* = 0 in Eq. (19); in this case the radiated power 
could be expressed as: 
w \8 
(=) 


re ta, ry 


which means that with increasing frequency w the frequency 
term in (21) would asymptotically approach unity, when w 
increases with respect to w, and wy. 

By making the coefficients of (w/w,)*, (w/w,)*, and 
(w/w,)* = 0, we obtain three equations for wy/w,, w;/wWy, 
and | (r:/m,)/w,|: 


va THEln)=» 
+ Cae ah a= 
+ H-G/aFeay-e 


With the solutions: 


(21) 


which is graphically shown in Fig. 3. 
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Fic. 3. Radiated power of a bass reflex cabinet as a function of 
w/w, from Eq. (24). 


The results of Eqs. (23) are three conditions which must 
be fulfilled for obtaining a steady resonance-free response. 
They can be used for dimensioning the quantities: S.*/mz, 
V, and r;/m,. Detailed considerations about this and on 
the usefulness of the power response according to Eq. (24) 
follow the discussion of the transient behavior of the bass 
reflex cabinet. 


TRANSIENTS 


For the discussion of the transient behavior of a bass 
reflex cabinet the following equations can be used: 


2 
m,+2," +7, °2,' + $,°2,+ = - 8, (8S, +2, + 8,-2,.) = 0 
and (25) 
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[see also Eqs. (1) and (2), where the driving force be- 
comes zero: U,;=0]. Solutions are 

X,’ = A,*e™ and X2’ = A2*e™ 
which, in combination with Eqs. (25), yields the following 
equation of fourth degree: 


83 7 Te. 
2 24 
at] +0t| 24 +o +24 £5 -6r+2 Zl 


Be Srehaldeacrsl 
8+ Fy: ay) +3 m, m,- = = 


After introducing w, and wy, according to Eq. (7), we ob- 
tain: 


at+ | 
at 


(26) 


att a2(= 4 2 4 0t(4? + ot + 2-2 + 


pct 


r Tr, 
+a (E- og' +22 - og) + wg? > wy? — =, =, ¥ - 82-8, 


(27) 


Solutions are the conjugate complex pairs of roots: 


a= —3, +i) ot—3? a, = —8, + jJot— 33 


nd = 
a= —3,—ifar—sF a= —8,— jo 
(28) 


where w, and w.$ are the angular frequencies for the un- 
damped system and 8, and 8. the corresponding decay con- 
stants. It follows with: 


(a—a;) (a—az) (a—as) (a—ay) = 0 
that 


at + a3-2 (5, + 8) + a? (2 + w,? + 48, -5,) 
+a-2(8,:o2+8,-0,)+o02-a2=0. (29) 
A comparison with the coefficients of Eq. (27) leads to 
the following four conditions, which must be consistent: 


a) 2 +8) = 7 + + 
rT. 
b) @? + w,? + 438,- noth ott = 


T, 
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of = Pray 
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c) 2 (8,° a? oto: + wg? _ 


d) w? 


$ Here w; and we. represent bar over w: and ws appearing in equa- 
tions. 
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By combining Eq. (30a) with Eq. (30b) and Eq. (30b) 
with Eq. (30d), we obtain: 


B+ (op og?" , -t- 83) 
- = (ap + og? + 2-2 —48,-8) 39 

sit (oe ont — nd st) 

ee tie 


from which we deduct by comparison of coefficients: 


a) 8, = 8, 
Ty 
b) eg? + coy py a 208 - , = (2. 


Regarding Eq. (30a) 


a) = 3,- 4(2+ 2) 
mM, my; (32) 
2 a 1% = “3, 21 72.8 =. 
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Equation (32b) represents a condition which must be ful- 
filled if Eqs. (28) become roots. 

This condition is fulfilled for any pair of w, and wy, when 
ro/Msz —17,1/m,. This, however, is a condition which is of 
no practical interest, because it can only be realized by 
system No. 2 with high damping or by mounting energy- 
absorbing material in the resonator orifices. 

Both measures would considerably reduce the energy flux 
through diaphragm No. 2, because the power available 
would be radiated only according to the ratio of radiation 
resistance to damping losses. 

Only for the completely open orifice does this ratio accept 
an optimum value. For the reasons mentioned only the 
case r2/ms < r;/m, becomes significant, where now the con- 
dition for the friction r; can be derived from Eq. (32b): 


ry = 2m, (w,” —wy")”. 


By combining Eqs. (30b) and (30c) with Eq. (30d) we 
find for w, and we: 


“In the following wherever r; appears it represents the bar over 
r; in equations. 
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For the case r2/m. —= r,/m, we cbtain anvular frequencies, 
which correspond to the lower and upper f-equency of the 
steady state oscillation [see also Eq. (12)|. For the case 
rx/ Mz <1, /m,, especially for resonators with air diaphragm, 
we obtain, regarding Eq. (17): 


of = o,? —) eyy* — agg? nf" (34) 
@2= wy? + y coyy* — coy? cwf® 


and with Eq. (34) a complete solution for a is: 


a) %.2> —s +i) o?—y wy! — wy" * wy" ion 
and 


b) t= —s+ i) on? + ) og — of? ° ws? — # 


(35) 


Ty 
¢) wo 8= %4°— 
1 


The coupled system will therefore decay with two fre- 
quencies when condition (32b) is fulfilled, which can be 
derived from Eq. (35). One of these frequencies is located 
below and the other one above the eigenfrequency of the 
Helmholtz resonator. In both cases, however, the decay 
constant § = 4 r;/m, is the same. The logarithmic decre- 
ment for the two decaying transients is therefore different, 
the higher eigenfrequency having the smaller increment. 

In order to make the coupled system decay in one single 
frequency, we derive from Eq. (35) that w, must be made 
equal to wy. 

The four roots of the homogenous equations (25) then 
become 


Oy.9 = tty,g = — 3+ jf) wt —# (36) 


iw; Sie 
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Then the logarithmic decrement accepts the value: 
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The terms, which must be known for dimensioning: 
(wy/w,)* and [(r;/m,)/w,|*, can be expressed with re- 


spect to A/x (equal to 1/q) 
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Besides the condition w,, — wy these conditions must be ful- 
filled when the enclosure is to operate for any value of A/r. 


STEADY STATE CONDITIONS 
Substituting the following three conditions 


~ 
aaj 


(2) ca. a (38) 
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into Eq. (19) for the radiated power we obtain the power 
as a function of the decrement A/z: 


1+ (2) a4 (=) (39) 


+ +( fae) (ay) or} 
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A numeral evaluation of this relation as a function of 
(w/w,) for A/ as a parameter is portrayed graphically in 
Fig. 4. 
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A comparison of the same power function for correspond- 
ing parameters A/x is shown in Fig. 5 for a completely 
closed cabinet with the same w,, in other words, with the 
same volume. This function is obtained from Eq. (20) by 
substituting the relationship for a simple oscillator 


see 
m,| “8 “x 


-_ 
eel Cane 


The power gain in the range of low frequencies and the 
extension of the low-frequency range become evident from 
the comparison of Figs. 4 and 5. 

To decide which low-frequency power function is to be 
considered optimum, the limiting value of the decrement 
must be known from which changes in the transient re- 
sponse become subjectively unnoticeable. This question is 
discussed in a recent paper by Kaczinski*® who found in 
investigations of loudspeakers that at a frequency of 100 
cps a transient time ¢ of =7 msec represents the percepti- 
ble minimum. The definition of the transient time men- 
tioned is the time after which the eigenfrequency of the 
system has decayed to 10% of the amplitude of the forced 
oscillation. 


(40) 


6G. Kaczinski, dissertation, 1956. 
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Between the transient time ¢, according to the definition 
just mentioned, and the time constant 7 exists the follow- 
ing relationship: 

= 237. 
From this we obtain a time constant of T = 3 msec for the 
above-mentioned case which corresponds favorably with the 
results of Biirck et al.** who found an optimum value of the 
time constant for 100 cps between 2 and 5 msec. 

Kaczinski’s value ¢ = 7 msec corresponds to a decrement 

A/a = (1/r° fo* T) ~ 1.1. 
Kiipfmiiller and Buchmann suggest choosing a low-fre- 
quency response which avoids objectionable transients, and 
which can be represented by the relationship: 


2 
b = 20 log ———-—- 


1 — ccs 7+ 
1 


(41) 


where f stands for the variable frequency and f/, for the 
lower cutoff frequency. The curve denoted by K in Figs. 
4 and 5 may be arbitrarily shifted along the x axis. 

It becomes evident that the power function for A/z = 1.2 
comes close to the condition of the curve K, according to 
which the drop between the cutoff frequency and the first 
sub-octave amounts to 6 db, while the power function ac- 
cording to Fig. 3 would not fulfill this condition as closely. 

Therefore we can assume that a power function which 
corresponds to a A/zx of 1.2 may be considered as optimum 
for a bass reflex cabinet because it yields at the same time 
the most extended frequency response to low frequencies 
and transient response with subjectively unnoticeable ring- 
ing. Compared with the entirely closed cabinet a frequency 
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27 Biirck, Kotowski, and Lichte, ENT, 1-12 (1936). 
28K. Kiipfmiiller and G. Buchmann, FTZ-Fernmeldetech. 6, 253 
(1951). 
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response extension of somewhat more than one-half octave 
is achieved. 


Considering as cutoff frequency /,, or fy,’ (the frequencies 
at which the response curves of the closed end of the bass 
reflex cabinet have dropped by 3 db with respect to the flat 
part of the frequency response) the bass reflex principle 
for the decrement A/x of 1.2 to 1.6 yields a cutoff frequency 
fy’ = 9.7for. This is certainly a worthwhile extension of 
the frequency range; for practical applications the decre- 
ment should therefore be given the value of 1.2 to 1.6. 


CONCLUSIONS 


To design a bass reflex cabinet for a given loudspeaker 
unit with free field resonance w,, diaphragm area S,, dia- 
phragm mass m, for any decrement, the following equations 
for S2*/mz of the driven diaphragm of volume V and of 
r,/m, apply: 


ze 
m 4\* 
ms 1 (=) i 
‘te ee eee : 
pies will) 
=e 


An optimum continuously extended power response in the 
low-frequency range can be obtained for a bass reflex cabi- 
net by making 

A/x = 1.2. 


The corresponding conditions to be fulfilled are: 


8.2 8? 1 

a) aa wer 

b V = 9,85 - 105 - 

) = oy =, pom” (43) 
nn 


= 2,4- wf [s—) 
¢) mi wg [8—*] 


Applied to the circular orifice of the second diaphragm, with 


16 
8&3 = R,! + x? and m, = > pR,® 
B2 3-s 
also m, 16-9 2 


we obtain: 


82 1 16p _, 8 
na“ fate"? 4 wom 
2 
V = 9,85 - 105- . oo [em?] (44) 
m, wf 


Applied to a resonator with neck with S.* = R.o‘+x* and 
mz = p* «R,* [1 + 1.7R2], we obtain: 


_ 
m, p{t+1.7 R) 


and for the length of the neck for a given radius Ry: 


t 


[= 3.16 -10°- RY-g3— 1.7 R, (45) 


Commercial loudspeaker units available on the market do 
not exhibit the optimum damping required by the relation- 
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TABLE I. 

Gap induction B =10000 gauss 
Wire length I = 360 em 
de resistance of amplifier output , 2 ohms 
de resistance of voice coil R= 5 ohms 
Resonance frequency (in baffle) i = 60 eps 
Mass of diaphragm and spider . = 9 g 
Mass of air (according to Rayleigh) m, = 3.2 g 
Total mass . = 12.3 g 
Magnetic motional resistance Tmag- — 1.85 X 10° g sec 
Mechanical resistance Tmee. = 0.22 X 10° g see 
Radiation resistance ry =0.08 X 10° g sec 
Total resistance r, = 2.15 X 10* g see 


ship r; = 2.4*w,*m,. In general, they usually exhibit a 
smaller value as can be shown from Table I in which prac- 
tical data are compiled. Values in Table I were computed 
for a 4-w loudspeaker unit with an 8-in. basket. 

Fer the case of the open orifice as second diaphragm the 
following values are obtained for the radius of the orifice 
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Re, the volume of the enclosure V, and the total friction of 
the driving system: 


R, —_= 3,65 [cm] 
¥ = 6) fom) (46) 


and 7, = 11-108 [g -s—] 


It becomes evident that the required resistance is much 
greater than the total resistive losses in the loudspeaker unit 
itself. In the case discussed an additional resistance of 
9X 10® g sec’ becomes necessary. An increase of the 
damping is possible by special feedback loops in the ampli- 
fier to reduce its internal impedance. Another possibility 
is to choose additional mechanical damping consisting of 
mounting a porous material over the cutouts of the basket 
or dishpan. 
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Letters to the Editor 


COMMENTS ON “LEARNING, A MAJOR FACTOR 
INFLUENCING PREFERENCES FOR HIGH-FIDELITY 
REPRODUCING SYSTEMS” 


Hucu E. Riorpan 
Wyckoff, New Jersey 


THE paper by R. E. Kirk! impressed this writer as a classical exam- 
ple of a study which avoids all minor mistakes while sweeping for- 
ward to a grand fallacy. 

The writer has no doubt that the details of the psychological design 
and statistical analysis of the experiments were correct; however, 
there is one major fault in the whole concept of the investigation 
which invalidates the results—this is the neglect of the overwhelming 
fact that the determining cause of frequency response preferences is 
the amplitude distortion content of the acoustical output to which 
the listener is subjected. 

This effect of distortion on bandwidth preference was the conclu- 
sion to be drawn from Olson’s experiments, not the existence of any 
obscure psychological “set” relating to the physical presence of live 
performers. Chinn and Eisenberg’s and Bauer’s results have long 
been discredited as the result of these very findings of Olson’s. The 
often cited preference of musicians for restricted frequency range 
is simply explained by the fact that a musician’s trained ear is more 
sensitive to distortion. It is this sensitivity which again leads to 
preference for restricted range in reproduced music in order to avoid 
the harshness associated with wide frequency range accompanied by 
nonlinear distortion. 

The foregoing comments are further reinforced by consideration of 
the reproducing equipment used in Kirk’s tests. The system utilized, 
although adequate for many applications cannot be regarded as 
yielding a signal containing minimal distortion by present-day stand- 
ards. In addition, the condition of the records and stylus used was 
a significant uncontrolled variable. 

Kirk indicates, perhaps, some appreciation of the effect of the 
reproducing system upon the conclusion of the study in the last 
paragraph of his discussion; however, this does not prevent him from 
stating his fallacious conclusion unequivocally. 

Kirk’s conclusion should properly be stated: “Students when lis- 
tening to reproduced sound containing appreciable distortion prefer 
a limited frequency range.” 

The unfortunate thing about this paper is that it will be used, as 
were those of Chinn and Eisenberg and Bauer, as an excuse by some 
manufacturers to foist low grade sound equipment upon the public. 


1 Roger E. Kirk, J. Audio Eng. Soc. 5, 238 (1957). 


LEARNING AND HI-FI—IS THERE A MORAL? 


Rocer E. Kirk 
Baylor University, Waco, Texas 


THE writer has read with interest H. E. Riordan’s comments con- 
cerning my paper, “Learning, A Major Factor Influencing Preferences 
for High-Fidelity Reproducing Systems.” During recent years, nu- 
merous experiments have been conducted to determine the effect of 
varying certain characteristics of sound reproducing systems on lis- 
tener preferences for these systems. It is tacitly assumed in these 
experiments that the listeners’ previous auditory experiences do not 
significantly affect their preferences. Many of these investigations 
have used nonprobability sampling in the selection of subjects; that 
is, using any person who is available and willing to participate. 
From a statistical. viewpoint, valid conclusions can be drawn with 
respect to the particular subjects used in these experiments. Little 
confidence, however, can be placed in generalizations to any other 


populations. It is particularly important to observe this limitation 
of nonprobability sampling when it can be shown that a variable 
such as previous listening experience has a significant effect on the 
preference being measured. 

The aim of the present investigation was not to assess frequency 
range preferences for reproduced music and speech but to determine 
if listeners’ previous auditory experiences did, in fact, affect their 
preferences for sound reproducing equipment. To this end a series 
of learning experiments was conducted with the following results. 
Subjects who listened to music reproduced over a sound system hav- 
ing a restricted frequency range (180-3000 cps) preferred a more 
restricted range at the end of thirteen listening sessions than they 
had prior to the listening sessions. Subjects in another experimental 
group who listened to thirteen sessions of music reproduced with a 
wide frequency range (30-15,000 cps) preferred a wider range at the 
conclusion of the experiment. The same sound reproducing system 
was used throughout the investigation. Its frequency response was 
altered by means of high- and low-pass filters inserted between the 
transducer and preamplifier. 

The usual approach to interpreting the results of experiments which 
find a preference for a restricted frequency range for reproduced 
speech and music is to conclude that the restricted frequency range 
minimized the distortion content of the acoustical signal presented 
to the listener. This line of reasoning, however, is not adequate to 
account for the shift in preferences of the subjects in my investiga- 
tion toward a wider frequency range after listening to thirteen ses- 
sions of music reproduced over a wide frequency range. It would 
appear that the most parsimonious explanation for the findings of 
this investigation is that continued contact with a particular repro- 
ducing system in a particular environmental setting results in the 
establishment of a “set” to prefer this system. The importance of 
environmental cues in eliciting appropriate response sets has been 
observed by Dulsky,! Abernethy,” and more recently by the writer.*.4 
The use of auditory sets or other hypothetical intervening variables 
as explanatory concepts in no way rules out the possibility that 
factors such as nonlinear distortion also affect frequency range pref- 
erences. This point was clearly stated in the discussion section of 
the paper and readers were referred to an excellent summary of these 
factors by LeBel.5 

Riordan states that: “In addition, the condition of the records and 
stylus used was a significant uncontrolled variable.” The five phono- 
graph records which the writer used were purchased especially for 
the experiment and were played only six times. The diamond stylus 
likewise was new and at the conclusion of the investigation had been 
used less than eight hours. In the writer’s conclusions it was stated: 
“The author would like to emphasize the need for caution in general- 
izing from the data presented. The frequency range preference data 
are applicable for the reproducing system used in the investigation 
and for a highly select group of subjects, namely college students.” 

In summary, the writer would like to reiterate the point made 
earlier that the purpose of the investigation was not to determine 
frequency range preferences for high-fidelity reproducing systems but 
rather to determine the role of learning in the development of these 
preferences. If there is a moral to be drawn from this research it 
is not that manufacturers should foist low grade sound equipment 


upon the public but rather they should educate the public to appre- _ 


ciate high quality equipment when they hear it. 


1S. G. Dulsky, J. Exptl. Psychol. 18, 725-740 (1935). 
2 E. M. Abernethy, J. Psychol. 10, 293-301 (1940). 
3R. E. Kirk, J. Acoust. Soc. Am. 30, 915-918 (1958). 
4R. E. Kirk, J. Acoust. Soc. Am. 31, 1644-1648 (1959). 
5C. J. LeBel, Audio Eng. 31, 9-12, 44-48 (1947). 
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Pittsburgh, Pennsylvania 
April 13, 1960 

American Institute 

for Research 


Southern Tier 
April 26, 1960 
Endicott, New York 


AES News 


SECTION NEWS 


“Stereo Recording and Survival Research,” 
by Greig Lindner, American Institute for 
Research, and Antony Doschek, Pro-Plane 
Sound Systems, Inc. 

Twenty-eight members attended this 
timely and extremely interesting discussion 
and demonstration of a visual and stereo- 
sound monitoring and recording system in- 
stalled in the experimental fallout shelter 
built for the U. S. Office of Civil Defense 
Mobilization by A.I.R. and Pro-Plane. 

Members now plan to check with local 
psychological research organizations to find 
out how they are using audio in their 
projects. 


“Diagnostic Testing of Audio Amplifiers,” 
by Wilbur Renner, International Business 
Machines. 

This talk and slide demonstration of 
audio testing equipment were enthusiasti- 
cally received. Material was exceptionally 
well organized. Everyone felt that this 
sort of presentation is of definite value in 
arousing interest in the section. 


Rensselaer Polytechnic 
Institute 

May 5, 1960 

On campus 


Pittsburgh, Pennsylvania 
May 11, 1960 
Opus One Hi-Fi Salon 


New York Section 
May 18, 1960 
GE Building Auditorium 


“Basic Design of Three Channel Stereo 
Systems,” by John Schlafer, president, 
R.P.I. Chapter. 

It was generally felt that this talk clari- 
fied many of the ideas surrounding the in- 
stallation of a third channel. Much interest 
was shown in the live demonstration that 
followed the talk. 

New officers for 1960-61 were elected at 
the business meeting. They are: Michad 
Mannes—president; Alan Edberg—vice 
president; Harvey Brand—secretary-treas- 
urer; Prof. G. F. Robinson, Acoustics 
Laboratory, R.P.I—Faculty Advisor. After 
the election, the section discussed the 
demonstration for next fall’s Activities Fair. 


An audience of twenty-five enjoyed a talk 
and guided slide-tour through the Scotch 
Magnetic Tape Plant, given by Robert 
Geesey, Minnesota Mining & Mfg. Co. 
The group hopes that other local tape 
manufacturers will give similar programs. 


“A Compatible System of FM-Stereo 
Broadcasting,” by W. H. Beaubien and 
Antal Czicsatka, General Electric, Utica. 
Sixty members attended this lecture and 
demonstration of stereo transmission in- 


(Continued on p. 276) 


AMPEX 


EQUIPMENT, PARTS AND SERVICE 

| ARE OUR BUSINESS. 

| PHONE OR WIRE US AND YOUR 
ORDER CAN BE ON ITS WAY TO 


YOU WITHIN THE HOUR 


507 Fifth Avenue, New York City 


NEW!!! 


PRESTO 8 GV 
MASTER DISC LATHE 


3 SPEEDS 


VARIABLE PITCH 


STEREO CUTTER 
VACUUM CHUCK TURNTABLE 


SYSTEM ON DEMONSTRATION 
IN OUR SHOWROOM 


LANG ELECTRONICS 


+ + + MUrray Hill 2-7147 
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JAIRCHILD Professional Products 


MODEL 641 STEREO CUTTER SYSTEM 


The first cutterhead designed especially for cutt 
45/45 stereo dises. Not a comprom n. ms 
An excellent stereo cutter, the Fairchild 641 also 
doubles as a lateral cutter capable of cutting high- 
level, high-quality monophonic disc 

Construction features an armature made in one 
piece of aluminum and magnesium: high tempera- 
ture windings and impregnation assures high reli- 
ability. Nothing to adjust, burn out, or go out of 
order. This is the first cutter system using modern. 
all-ceramic output tubes in two rugged, high-power 


642 Cutterhead — “Hifers built on a single chassis. Operation is 


tirely in Class A with minimum distortion, yet 


le of delivering 2000 watts yeak power for good transient response. Unique 
provides an accurate off-thy 


RF feedback circuit minimizes d a = } and 
a monitoring system with line level out 


be 
SPECIFICATIONS 
i Input Impedance: 600 ohms Snpat Lovet Requtsonentes ~—§ dbm to +15 dbm 
i for standard recording level. Frequency Response: #2 db, 20-15,000 cps each 
channel Inter t Less than 0.15%, 14 ke and if 05 ke, 
both at 30 cm/sec. Harmenic Distortion: Less than 0.5% at 14 cm/sec, 1-15 
and at 2 mil amplitude (30-1,000 cps). Maximum Cutting Level: Better than 
pS 7 60 em/see up to 5 ke, and 30 cm/sec above 5 kc. Channet-te-Channel Separa- 
2 : * tien: Better than 20 db. 


Fairchild 
644 Amplifier Net Each..... 


A radical departure from the classical limiter 
design; characterized by the complete absence 


of audible thumps, distortion and noise. An- 
other feature is its extreme stability over long 
periods of time. 


The Fairchild Model 670 may be operated either 
as two independent limiters or as a vertical- 
lateral component limiter. Function change 
made by the flick of a switch. The complete 
unit is enclosed within 14 inches of rack space. 


A special feature of the unit is its ability to 

—_ full limiting effect during the first 

ofa (unlike conventional 

Sumter that pass short transients due to their 
of attack). 


Front View 


SPECIFICATIONS 


Input Impedance: 600 ohms each channel. 
Output Impedance: 600 ohms each channel 


lesponse: , 
: 60 db, A-B position; 40 db, ertical-Lateral os pene. 
Time: Adjustable 0.3 to 25 seconds in 6 position 
IM or Harmonic Distortion: Less than 1% at any level up to 


MODELS 600 AND 602 CONAX 


A new concept in limiting devices, especially Stee’ 5 for use in 
svstems with treble pre-emphasis such as disc rding and 

/TV sound transmission. Its action is instantaneous and 
inaudible for most program material; aliows 4 to 6 db higher cut- 
tings or se levels. Also effective in tape and optical 
recording. Input Impedance: 600/150 ohms each channel. Output 
mpeda s 600/150 ohms each channel Level 3 
—2 VU to +10 VU. Frequency Response: 25-15,000 cps, below 
filter eg ae’ Ba er Better than 45 db 


tortion: n 1% at +18 dbm, below filter threshold. Filter 
pre ee wad justabte in six_steps. $460°° 
lid Model 602 Stereo Conax— Net Each...... 


Fairchild Model 600 Single Channel Conax— Net... $300-00 


Fairchild Model 600A Single Channel Conex—Optical Bees 5 
FOND Preece cccccctsenccvessseosestetesnsccoes 

Fairchild Model 601 Single Channel wear mixing stages; 
D GD COE. NOE TAG. 000 ccc scccccccccccccocscccs 75.00 


MODEL 605 STEREO-EQUALIZED PREAMPLIFIER 


Designed as a calibration tool; compact, complete stereo preampli- 
fier for Fag! playback systems.About the size of a passive equalizer, 
it fits in the turntable cabinet top. Two types of in ut: Trans- 
former with 3 different oe, and grid directly. Selector 
switch for stereo or monophonic with 3 equaltsations each; line 
level output; two treble response +o ments for each channel and 
*10 db evel adjustavens Input impedances: 600, 150, 37.5 and 


a7 ohm mpedance: 600/150 ohms te yd 
se: at megan J ey specified re *1 db, 30-15. ) eps. 
rols: + 10 db at 15 ke. Noise: — 120 d 
for transformer aout; —110 dbm tor grid input 


Harmonic Dis- 
tertion: Better than 1% at +18 dbm. Equatization: Fiat, RIAA 
and Roll-Off 


+18 dbm pe (no limiting). Less than 1% at 10 db limiting 
+12 dbm outpu 
Power E> cues, 115 v. AC, 60 eps. 
670 Stereo Limiter — 


MODEL 680 POWER AMPLIFIER ; 
Space saver among power amplifiers delivers 200 watts 
in 5%” rack space. Excellent as a monitor amplifier or cutting 
amplifier; or, in any other audio application. Front panel meter 
pushbuttons for AC and DC balancing. Two types of input: 
Transformer and grid directly. Floating output circuit 
: —25 dbm for 10 w. output (680-1); 0.4 v. for 
10-watt output (680-2) put Impedance: § and 16 ohms: other 
impedances on special order 126, 35- 
20,000 eps, up to 80 watts. D 3 Less than 1% at 
80 watts. Damping Factor: 10. Noise Level: Better than 90 db 
below 100 watts oo 
Fairchild Model 680-1— Input, pity 00K ohms. Net. . 
Fairchild Model 680-2—In KK ohms unbalanced: 200K 
ohms balanced. Net Each $299.50 


MODEL 530G 3-SPEED TRANSCRIPTION 


TABLE 
Professional, high quality turntable for broadcast and lab use in 
reproducing pO 45 and 78 rpm recordings. Ideal for highest 
uality stereo di fe. extremely accurate in program 
timing at all speeds. Direct gear drive operates from synchronous 
hysteresis motor; no rim slip or over-run clutch slip. Quiet, wow 
and flutter-free drive. Smooth, ripple -free power transfer from 
synchronous motor to reduction mechanism tn oil bath using three 
positive-action cogged belts. Fast cueing. Noise, rumble and vibra- 
tion easanny non-existent. Speeds: 33.3, 45 and 78.26 rpm 
Regulation _— or L.. limits of power line frequency 
fens ble: Meets NARTB specifications, vertically and laterally 
(#1 db, 10-250 eps), 41 ‘ae i“ 7 cm/sec at 1 ke. Measured 
excluding frequencies — 50 cps: 55 db below 7 cm/sec. at 1 ke 
Wow and Flutter: Below 0.1% peak. including all Teanencien 
between 0 and 500 = (exceeds NARTB specs) ime 
peg speed reached from ag! start in 4% revolution, 33 and 45 
% revolution at 78 rp Cueing by slipping record is prac- 
teal’ at any speed. Turnta’ fe: 16” dia., undercut A. top for eas 
record removal pgs 1/20 hp synchronous 3 
120 watts, 110-120 v 60 one single pe) Size: rd w.x 24° ad 
x 26%" h (turntable. Anclght. 8” NART Finish: Light tng 
with buffed aluminum =. Weight, 256 tbe Ss 
Fairchild Model 530G Turntable— Net Each 


600X-60A 


Unique in design and application, reliable in performance are two of the many outstanding characteristics of ALL 
FAIRCHILD PROFESSIONAL PRODUCTS. You can specify and recommend FAIRCHILD with confidence. Further per- 


“formance data on listed products available: contact 


FA I R Cc H I L D Recording Equipment Corporation 


Professional Products Division, 10-40 45th Avenue, Long Island City 1, N. Y. 
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Outside of Redwood City, California 
the most complete display of 


ANIPEX 


to be found anywhere is at the 


HARVEY 


PROFESSIONAL SHOWROOM 


World’s largest inventory of 
Ampex equipment, 
accessories, and parts 


HARVEY rani co., inc. 


1123 Avenue of the Americas (6th Ave. at 43rd St.) New York 36, N.Y. 
1 Block from Times Square JUdson 22-1500 
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STANDARD OF EXCELLENCE... 


AMPEX 300 SERIES Magnetic Tape Recorders—designed for master recording— 
completely dominate the professional recording industry throughout the world. By 
producing the finest monophonic and stereophonic masters, the Ampex 300 has 
earned the recognition of “standard of excellence” from this critical, exacting industry. 


ALABAMA 
BIRMINGHAM 

Ack Radio Supply Company 
3101 - 4th Avenue South 


ARIZONA 

PHOENIX 

Bruce's World of Sound, Inc 
2711 East Indian School Road 


CALIFORNIA 

FRESNO 

Tingey Company 

847 Divisadero Street 

LOS ALTOS 

Audio Center 

293 State Street 

LOS ANGELES 

Magnetic Recorders Company 
7120 Melrose Avenue 

Ralke Company, Inc 

849 North Highland Avenue (38) 
NORTH HOLLYWOOD 

G. V. Smith Associates 

11548 Addison Street 
SACRAMENTO 
McCurry-Sidener Company 
731 “I" Street 

SAN FRANCISCO 

Magnetic Recorders Company 
1081 Mission Street 


US 
Sylmar Electronics 
26000 Bouquet Canyon Road 


COLORADO 


ER 
Davis Audio-Visual Company 
2023 East Colfax Avenue (6) 


DISTRICT OF COLUMBIA 
WASHINGTON 

Shrader Sound Incorporated 

2803 ““M" Street, N.W 


FLORIDA 


MIAMI 
East Coast Radio & Television Co., | 
1900 N.W. Miami Court (36) 


HAWAII 

HONOLULU 

John J. Harding Co., 

1514 Kona Street, P. rm Box 4013 


ILLINOIS 

CHICAGO 

Newark Electronics Corp. 
223 West Madison Street (6) 
QUINCY 

Gates Radio Company 

123 Hampshire Street 


INDIANA 

INDIANAPOLIS 

Radio Distributing Company 
814 Senate 

1IOWA 

DES MOINES 

Mastertone Recording Company 
8101 University Avenue 


AUDIO PRODUCTS DIVISION 


By Design 


In addition—the Ampex Duplicators—the only 
commercially available high speed duplicators—have become the standard 
of the industry for which they were designed. The stability of mechanical 
operation of Ampex Duplicators (which incorporate the precision mechanism 
of the Ampex 300 running at speeds up to 120 in/per/sec) permit high speed 
duplication of recorded master tapes with utmost fidelity. 


LOUISIANA NEW YORK 

NEW YORK CITY 

Harvey Radio Company. Inc 
103 West 43rd Street (36) 
Lang Electronics Incorporated 
507 - Sth Avenue (17) 
Sonocraft Corporation 

115 West 45th Street (36) 
— 


807 Howard Avenue 


MARYLAND 
BALTIMORE 
High Fidelity House, Inc. 
5127 Roland Avenue (10) W. G. Brown Sound Equipment Corp 
MASSACHUSETTS 521 East Washington Street (20 

nc. BOST NORTH CAROLINA 
~ = Radio Supply Company WINSTON-SALEM 
1093 Commonwealth Dalton-Hege Radio Supply Co., Inc 

938 Burke Street 


MICHIGAN omo 
Se Sering Co Coemees 

15310 W. McNicholson Rd iniaunwean 
MINNESOTA PENNSYLVANIA 
MINNEAPOLIS PHILADELPHIA 


Austin Electronics, Inc 


Lew Bonn Company 
1421 Walnut Street 


1211 LaSalle Avenue (3) 


MISSOURI 
KANSAS CITY 


Burstein-Applebee Company TENNESSEE 
1012 McGee Street (6) MEMPHIS 
W & W Distributing Company 
NEW MEXICO 644 Madison Avenue 
SANTA FE NASHVILLE 


Sanders & Associates 


O & N Distributing Company 
70 West Marcy Street 


113 - 19th Avenue, South 


* AMPEX PROFESSIONAL PRODUCTS COMPANY 
934 CHARTER STREET, REDWOOD CITY, CALIF. 


Offices and Representatives in Principal Cities Throughout the World 


Journal of the Audio 


Engineering Society, October, 1960 


For complete information: technical, application, specification—contact 
your nearest factory-trained Ampex Master Recording Dealer... 


TEXAS 

ARLINGTON 

Audio-Acoustic Equipment Company 
130 Fairview Drive 

EL PASO 

Sanders & Associates 

1225 E. Yandall Street 

SAN ANTONIO 

Modern Electronics Company 

2000 Broadway 


VIRGINIA 

RICHMOND 

Radio Supply Company, inc 
3302 Westbroad Street 


UTAH 

SALT LAKE CITY 

Standard Supply Company 

225 East 6th Street, South (10) 


WASHINGTON 
SEATTLE 

Electricraft, Inc 

1408 Sixth Avenue 
SPOKANE 

20th Century Sales 

West 1021 First Avenue (18) 


AMPEX 
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STANTON Calibration 

Standard: Model 381 — 

An ultra-linear professional pickup 

for recording channel calibration, 

radio stations and record evaluation 

by engineers and critics...from 
00 


Collectors Series: Mode! 380—A pre- 
cision pickup for the discriminating 
record collector ...from $29.85 


Pro-Standard Series: MK lI—A pro- 
fessional pickup outstanding for 
quality control...from $24.00 


(7 
> 


StereoPlayer Series: Stereo 90 — 
A fine quality stereo magnetic pick- 
up for the audiophile ...$16.50 


more for everyone...more for every application 


-..-8S0O much more for everyone... for every 
application ...in the complete line of Stanton 
Stereo Fluxvalves. 


Here is responsible performance ...in four superb 
models...for all who can hear the difference. 
From a gentle pianissimo to a resounding 
crescendo—every movement of the stylus reflects a 
quality touch possessed only by the 

Stereo Fluxvalve. 


LISTEN!...and you will agree Pickering has more 
for the best of everything in record reproduction 
—mono or stereo, More Output-More Channel 
Separation—More Response—More Record Life! 
In short... more to enjoy. ..because, there’s more 
quality for more listening pleasure. 


Ask fora Stanton Stereo Fluxvalve* 
demonstration at your Hi-Fi Dealer today! 


FOR THOSE @P CAN HEAR THE DIFFERENCE *U.S. Patent No. 2.917,590 


@ Pickering Send for Pickering Tech-Specs-—a handy guide for planning 
NEW YORK 


PICKERING & CO., INC., PLAINVIEW, a stereo high fidelity system...address Dept. Z100 
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KAY 


KAY 


EC AAW Laboratory Instruments for 
Analysis and Control of Sound and Vibration 


® Frequency Analysis 


® Amplitude Measurement 


peice ie. nations Ssxaliendd 


The Sona-Graph Model Recorder is a new audio spectro- 
graph for sound and vibration analysis. This instrument 
provides four permanent, storable records of any sample 
of audio energy in the 85-12,000 cps range . . . the three 
visual displays made by the Sona-Graph 661-A plus an 
aural record made on a 12” plastic-base magnetic disc 
which can be stored with the visual records. 


DISPLAY NO. 1 


Frequency & Am- 
plitude vs Time. 


” 


Amplitude 
Amplitude 


-4” x 12” record 
on facsimile pa- 
per. 
Time Intensity 


PERMANENT RECORDS 
DISPLAY NO 2 


Intensity vs Fre- 
quency at Selected 
Time. Range: 35 
db. 


® Controlled Time Delays 
® Sound Compression and Expansion 


sca Soa-Graph 


MODEL RECORDER $2950.00 f.0.b. factory 
® 85—12,000 cps 


© Easily stored, permanent or reusable 
magnetic dise recording. 


SPECIFICATIONS 


Frequency Range: 85 cps to 12 kc in two switched bands; 
85 cps to 6 ke and 6 kc to 12 ke. 


Frequency Response: + 2 db cover entire frequency range. 
Flat amplifier characteristic overall. 


Recording Medium: Plastic-base magnetic disc that can 
be removed and stored, or erased and re-used. 


Analyzing Filter Bandwidths: 45 and 300 cps. 


Recording Time: Any selected 2.4 second interval of any 
audio signal within frequency range. 


DISPLAY NO. 3 


i 


Average Ampli- 
tude vs Time. 
Logarithmic scale, 
24 and 34 db 
ranges. 


Amplitude db 


Time 


(Model 30) 


KAY Sonalyzer F $1995.00 f.0.b. factory 


A 30-channel spectrum analyzer—100 to 8000 cps. Relates 
Frequency vs Intensity vs Time in a graphic oscilloscope 
display of the frequency components of complex wave- 
forms. Two dimensional and three dimensional displays. 


SPECIFICATIONS 
Frequency Range: Standard unit 100-8000 cps in two 
bands. 


Filter Channels: 
Number: 29 active, 1 reference. 
Bandwidths: 135 cps each. 


Center Frequencies: 135 cps intervals throughout fre- 
quency range from 135 to 3915 cps per band. 


Audio Amplifier Characteristics—Fr R 


“ 7 
Flat, or with high frequency emphasis to 4-kc. 
Sonagram Display Unit: An accessory for use with the 
Sonalyzer to provide a 3 dimensional—frequency vs in- 
tensity vs time—display on long persistence oscilloscope. 


KAY Vari Vor $1695.00 f.0.b. factory 


A sound-time expander and compressor. Transrits infor- 
mation at 18 different selected speeds at rates from twice 
the original rate down to one-third with no loss of intelligi- 
bility. 

SPECIFICATIONS 
Freq y Resp : 500-8000 cps + 2.0 db (max.) 
Input Impedance: 600 ohms. 
Input Signal Recommended: 0.2 V rms. 


Sensitivity: 0.10 V rms for full-scale operation. 


Output Impedance: 600 ohms. 
Output Signal: 0.20 V rms. 


Information Rate: Compression up to 2 times normal rate 
in 9 steps. Expansion down to one-third normal rate in 
9 steps. 


Recording Indicator: Standard V. U. Meter. 
Power Supply: Self-contained. 


Write F 
Catalog Injormuin KAW ELECTRIC COMPANY 


Dept. AE-10, Maple Avenue, Pine Brook, N. J. CApitol 6-4000 
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What’s 


DO YOU KNOW ABOUT OUR NEW MODEL 168D? 


your 
residual? 


no. No, NO! We don’t mean that. We're 
talking about the residual IM (leakage) in your 
IM meter. If your meter is anything except an AI, 
the residual is probably 0.2 to 0.5%. But a high 
quality amplifier itself should have less than 
0.25% at normal listening levels. Are you meas- 
uring your amplifiers or are you measuring the 
imperfections of your meter? 

Here’s how you can tell: Connect the signal 
generator output of your meter directly to the 
input terminals of its analyzer section, then 
measure the IM. Don’t connect any amplifiers 
in at all. If you get a reading of over 0.05%, 
reach for your requisition pad and order an ai 
Model 168 or 168D. 


intermodulation meters have six delicious features. 

compact—on 834” x 19” panel 

wide low frequency range—40 to 200 or 400 cps 

wide high frequency range—2000 to 20,000 cps 

low residual IM (leakage)—under 0.05% 

vtvm included—30, 100, 300 mv; 1, 3, 10, 30, 
100 volts, full scale 

low price 


used by such leading equipment manufacturers as: 
Admiral, Ampro, Arvin, Blonder-Tongue, Boeing, 
Bogen, Fairchild, GE, Hazeltine, Langevin, Low- 
rey Organ, Marantz, N. V. Philips, Radio Crafts- 
men, RCA, Rock-Ola, Seeburg, Sonotone, Stan- 
cor, Stromberg Carlson, Warwick and leading 
recording organizations like RCA and Capitol. 


cluding reception with a one-tube adapter 
and a standard FM receiver. The general 
opinion was that this was an effective 
demonstration of a very interesting system, 


Pittsburgh, Pennsylvania “Geophysical Explorations for Oil,” by 


June 8, 1960 
KQV Studios 


New York Section 
June 14, 1960 
ABC Studio 1A 


James Affleck, research engineer, Gulf Re- 
search. 

This slide presentation showing the part 
electronics play in locating oil from air- 
planes was less well attended than most of 
the Pittsburgh meetings because of the 
highly technical subject treatment. 

It was announced at the meeting that 
Emerson Boardman has resigned as sec- 
tion secretary because he has accepted a 
position in New York. His replacement 
until the fall election is Arthur Sterman. 


“Report on the Latest Recording Tech- 
niques in Europe and South America,” by 
Stephen F. Temmer, president, Gotham 
Audio Corporation. 

The main portion of the evening’s talk 
was devoted to an explanation of the cur- 
rent state of recording and broadcasting in 
northern Europe. There was a detailed 
explanation with illustrations of the newest 
recording systems and techniques. It was 
shown how the equipment can be used 
effectively for installations of any number 
of microphones from a single stereo mike 
to arrays of 15 and 20. 

Mr. Temmer also spoke briefly of the 
progress of stereo and other recording in 
Peru. Seventy people attended this meet- 
ing. 


MEMBERSHIP INFORMATION 
(April, May, June, 1960) 
NEw MEMBERS 
Members 
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Write for new Catalog A-2 


,; a 
Ci audio instrument co., inc. 


135 West 14 Street, New York 11, New 


Allen, Richard—Los Angeles, California 
Barkey, Robert—New York, New York 
Barney, Harold L_—Madison, New Jersey 
Burroughs, L. R.—Buchanan, Michigan 
Christo, Nicholas—Boonton, New Jersey 
Coakley Jr., Patrick S—Houston, Texas 
Coakley, Thomas P.—Walnut Creek, California 
David Jr., E. E—Summit, New Jersey 

Davis, Donald B.—Evanston, Illinois 

Davis, John P.—Hollywood, California 
Dunann, Roy P.—Calabasas, California 

Engler, Robert J.—Bayside, New York 

Foster, Norman E.—Nixon, New Jersey 
Fuentes, Rodolfo Zamudio—Mexico D. F., Mexico 
Gibson, John H.—Buchanan, Michigan 

Gruber, Klaus H.—Yonkers, New York 
Gutierrez, Carlos Ruiz—Mexico D. F., Mexico 
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Hamel, Reice—San Francisco, California 
Henderson, James W.—Woodland Hills, California 
Hirsch, Charles J.—Princeton, New Jersey 
Holzer, Howard S.—Los Angeles, California 
Hooper, William—Van Nuys, California 
Johnston, George C.—Villa Park, Illinois 
Kohl, Ronald C.—Pittsburgh, Pennsylvania 
Krebs, Leo—Redwood City, California 

Martin, Daniel W.—Cincinnati, Ohio 

Martin, David F.—Trenton, New Jersey 

May, Everett G.—Princeton, New Jersey 
McKenzie, Angus A——London, England 
Michael, Hal—New York, New York 
Moriarty, John M.—Rochester, New York 
Pearl, Barry L_—Midway City, California 
Pradervand, Michel—Princeton, New Jersey 
Rodda, William E.—Princeton, New Jersey 
Rosenman, Leo—Van Nuys, California 

Sage, William S—Memphis, Tennessee 
Schroeder, M. R.—Gillette, New Jersey 
Shipman, Lee E.—Ludington, Michigan 
Simms, John P.—Yonkers, New York 

Snoddy, Glenn T.—Nashville, Tennessee 

Solt Jr., Irvin H.—Pacific Palisades, California 
Spitzo, Thomas A.—Yardley, Pennsylvania 
Stiles, George M.—A.P.O. San Francisco, California 
Tan, Henry—Princeton Junction, New Jersey 
Teer, Kees—Eindhoven, Netherlands 
Thomasson, Mort—Nashville, Tennessee 
Trautman, Walter C.—Canfield, Ohio 


Associate Members 


Balboni, Henry A—Binghamton, New York 

Ballard, Randall C.—Trenton, New Jersey 

Chapard, Louis—New Canaan, Connecticut 

Clarke, Wallace E—Belleville, Ontario, Canada 

Dewees, James C.—Binghamton, New York 

Fallon, M. Neil—New York, New York 

Fiori, Julius J —-Brooklyn, New York 

Frey, Donald—Clifton, New Jersey 

Frey, Lawrence—Brooklyn, New York 

Hall, James N.—Berkeley, California 

Hammer, Curtis E—Charlotte, Michigan 

Hersk, David S——Minneapolis, Minnesota 

Hetsch, Edmond I—New York, New York 

Houghton, Erwin W.—New York, New York 

Italia, Charles—Middletown, Connecticut 

Johnson Jr., Edwin P.—Muskegon, Michigan 

Kain, Stanley—Mayfield Heights, Ohio 

Lewin, Ephraim M.—New York, New York 

Lowdermilk, Ronald R.—Alexandria, Virginia 

Martin, Charles A——South Pasadena, California 

Martin, W. Edgar—Falls Church, Virginia 

Mazurczyk, Henry T.—Harrison, New Jersey 

O'Connell, John H.—Franklin Park, New Jersey 

Perrin, Roy C.—Rutherford, New Jersey 

Porter, Gene C.—Rochester, New York 

Quan, Young—Birmingham, Alabama 

Remy, Albert W.—New York, New York 

Rheinfelder, William: A—Phoenix, Arizona 
(Continued on p. 278) 


Do you 


have trouble 


with your PA? 


If you design large public address 
systems, do you have trouble with 
echo, inadequate coverage, areas of 
confusion? Do your customers look 
scathingly at youP Use time delay 
and the Fay-Hall (Haas) effect to 
allow differently located loudspeakers 
without aural confusion. 


Model 301 Magnetic Tape Time Delay 
Unit is especially helpful in large 
auditoriums with deep balconies, and 
in large halls and ball parks where 
tricky acoustics forces use of auxiliary 
booster speakers in bad areas. 


Used in such well known’ places as 
Madison Square Garden, United Na- 
tions Plenary Hall, the Calgary and 
Edmonton Auditoriums, Temple 
Beth-El (New York) and the ball 


park in Louisville. 


Write for Catalog Sheet A-301. 


e 


135 West 14 Street, New York 11, New York 
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Richman, William I—Haddonfield, New Jersey 
Scharfenberger, Frank V.—Jeffersonville, Indiana 
Schwartz, Lawrence—Brooklyn, New York 
Smith, Norman A.—Altadena, California 
tenCate, William L.—Philadelphia, Pennsylvania 
Urban, Alex—Brooklyn, New York 

Voegeli, Donald J.—Madison, Wisconsin 

Weed, Thomas W.—Studio City, California 
Wickens, John E.—Rochester, New York 
Zindell, George—Newark, New Jersey 


Students 
Bertrand, John A.—Fort Wayne, Indiana 
Brand, Harvey—Troy, New York 
Carbonell, Jaime R.—Cambridge, Massachusetts 
Crane, David E.—Rochester, New York 
Edberg, Alan R.—Westfield, Massachusetts 
Grimm, James R.—Fort Wayne, Indiana 
Mansfield, Gregory R.—Youngstown, New York 
Nikolakakis, John—Brooklyn, New York 
Plante, Jerald M.—Potsdam, New York 
Reline, Bruce L.—Pittsburgh, Pennsylvania 


Richardson Jr., Earle W.—Washington D.C. 
Rose, Thomas H.—Terre Haute, Indiana 

Scott, Rufus S—Dallas, Texas 

Silage, Richard—New York, New York 

Smith, Allan P.—Branford, Connecticut 

Spencer, Dale A.—Inglewood, California 
Strandberg, William—Cleveland Heights, Ohio 
Tatnall, Samuel M. V.—Philadelphia, Pennsylvania 
Webb Jr., James E—Anaheim, California 


Associate to Member 
Hudson, John W.—Richmond, Virginia 


Student to Member 
Ford, Peter J.—Winston Salem, North Carolina 
von Sneidern Jr., John V.—Bronxville, New York 


Student to Associate 
Buhl, Hilary J —Lynchburg, Virginia 
Roehr, William D.—Scottsdale, Arizona 


(Turn to p. 281) 


Add dramatic new realism 


YOU'RE “IN 


* reproduction. Your records or tapes sound 
TH : CO \ (* a R [ just as if you had an orchestra seat in 
J VU . « Carnegie Hall. Through these comfortable 
Stereophones, you hear music as perfectly 


9 \ a hes as it can be recorded. Add personalized 
H A | | \\ : H listening and sound perfection to your high 
¥ | i fidelity stereo installation. $24.95. 


KOSS STEREOPHONES 


Lew 


With dramatic Koss Stereophones, you'll 
thrill to new worlds of stereo sound 


to your recorded music 


If you use headphones 
you will want to try 

KOSS STEREOPHONES .. . 
the most remarkable set 
of headphones since radio 
was invented! 


What makes them so good? 


The fact that they combine 
all features one seeks in 

a headset . . . wide range 
frequency response 

(30 to 15,000 cycles) 

and comfort. The fatigue 
factor is negligible due 

to spun plastic ear 
cushions end headband. 


For stereo they are great... 

for monaural they are perfect. 

For any application where 

true sound is required 

KOSS STEREOPHONES are ideal. 
You will find KOSS STEREOPHONES 
at leading audio equipment 

dealers or write directly. 
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S. PATENT 2,775,30 There are hundreds of United States 


U Patents on loudspeakers. Most of them 
relate to minor improvements; a few have changed the face of the speaker industry. 


AR’s patent on the acoustic suspension speaker system has had far-reaching effects. A very large number 
of speakers has been produced under the patent by AR and its licensees, and speaker design in general 
has been given a new direction. In our opinion this patent has proved to be the most significant 
issued in the speaker field since 1932, when Thuras was awarded a patent on the bass-reflex enclosure. 


The basic idea of the acoustic suspension system is that the speaker works against an elastic pillow of 
air sealed into the cabinet instead of against mechanical springs of its own. This design makes possible 


vastly improved bass reproduction (particularly from the point of view of lowered distortion), and 
simultaneously dictates small cabinet size. 


The acoustic suspension principle is now used in four AR models—the AR-1, AR-2, AR-2a, and 
AR-3, priced from $89 to $225. We invite you to listen to these speakers at your dealer’s, or, if you 
live near New York City, at the AR Music Room in Grand Central Terminal. 


Literature on AR speakers is available for the asking. 


ACOUSTIC RESEARCH, INC. 24 Thorndike Street Cambridge 41, Massachusetts 
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STEREO CONDENSER MICROPHONE 


The pre-eminent microphone for stereo recording and transmissions 
by MS and/or XY pickup techniques « The relative angle of the two 
sensitive mikes in the slender head can be varied through 180° with 
visual indication of their positions * Nine different directional- 
sensitivity patterns, from Hypercardioid (—15 db or better) through 
Figure-8, are available independently for each channel, instantly and 
silently by electrical remote control * Output impedances of 50 and 
200 Ohms selected by a simple change of connections * Each C24 
supplied complete with all needed cables, transistor-stabilized power 
supply, twin remote-control selector unit, and individual frequency- 
response curves for each mike. Write today to the USA import and 
service representatives for full data and names of dealers. 


Frequency Range 30 to 20,000 cps 
Cardioid Discrimination, 0° to 180° —15 db or better 
Crosstalk between Channels —40 db or better 
Output Level per Channel 33 db re 1mW for sound field 
of 10 dynes/sq cm. 
Residual Noise Level 20 phon or less 
Output Impedance, per Channe! 50 and 200 Ohms 
Sensitivity per Channel (for 200 Ohms) 1 mV/microbar 
Preamplifier Tube 6072 (12AY7) 
Power-Line Voltages 110, 125, 145, 220, 245 VAC; 50-60 cps 


Microphone Length, 10%”; Diameter 1-5/8”; Weight, 1 Ib 3 oz. 


ELECTRONIC APPLICATIONS, INC * STAMFORD, CONNECTICUT * (203) DAvis 5-1574 


“hoy pte cas iti: ws 
RRR 
By 
| ie ees ‘to SS of | 
RRS ‘I od 
ca! eth " g the Sega e 
ey. aa . ‘es SSgS BNE 7 tro! 
a ; % ad: . wo 
je 4 +g | ; 4 
“a ASE “ 
a — ope 
a mee 
pe : ; cip 
: : wh 
wr 
: wh 
7 : ing 
| ea in 
i all 
' : ba 
tre 
' . ) na 
> 4 ; an 
on 
| ee, 
; th 
pr 
: of 
; bi 
S ; : 
: m 
1 
eet. ; 
rex ‘ 
“& ‘ 
AKG ? 
_ Re - 
t ee 
ee 


cps 
tter 
tter 
ield 


less 


hms 


»bar 
\Y7) 
cps 


Current Publications on Audio 
BOOK REVIEWS 


Magnetic Tape Recording 


H. G. M. Spratt. The Macmillan Company, New York, 1958. 
319 pages. Price $8.95. 

Spratt’s book on magnetic tape recording gives a good cross section 
of the present status of this art. Perhaps the treatment of the latest 
development in circuitry, namely, the use of transistors in the elec- 
tronic part of recording equipment, is a little shorter than the reader 
would expect but, nevertheless, Spratt shows what is to be expected 
by citing an example of comparative measuring results with tube- 
operated electronics. 

The book starts with two introductory chapters entitled “Prin- 
ciples of Magnetism” and “Sound Reproduction and Electroacoustics” 
which are kept short but are thoroughly done and didactically well 
written to provide the necessary theoretical background to the reader 
who wants to familiarize himself with this field. 

In the following chapter entitled “Principles of Magnetic Record- 
ing,” the physics of the inscription are dealt with by magnetization 
in the magnetic coating. This chapter is well written and provides 
all the theoretical background required for a book which is intended 
as a general treatise on the magnetic recording machines. 

The next chapters cover the technological problems rather than the 
basic principles. Recording machines as well as tape technology are 
treated. The technological part is followed by two valuable chapters, 
namely, one which discusses present trends and future developments, 
and one, recording standardization. 

Finally, three appendices provide additional information; the first 
one concerning international standardization and measuring methods, 
the second one discusses influence of abnormal climatic conditions on 
the tape, while the third one provides some quantitative data on re- 
producing head design. 

It should be mentioned that the treatment of the basic principles 
of the tape transport mechanisms is not done as explicitly as the 
basic principles of the magnetic inscription are covered in the chapter 
mentioned above. But, as a whole, Spratt’s book can be recom- 
mended wholeheartedly. 

HettmvutsH Ertzoxp, 
Acoustical Consultant 


ABSTRACTS 


ABSTRACT—CONVENTION ON STEREOPHONIC SOUND 
RECORDING, REPRODUCTION AND BROADCASTING 


(Proc. Inst. Elec. Engrs., Suppl. B, No. 14, 106; cover- 
ing the Convention on Stereophonic Sound Recording, 
Reproduction and Broadcasting, held in March, 1959.) 


This abstract covers a convention of four sessions, at which twelve 
papers were delivered, and a discussion held on each complete session 
of three papers. The program consisted of the following: 


Session on General Survey of Stereophonic Sound: 
“Survey of Stereophony,” T. Somerville. 
“Sound Location in Live and Stereophonic Systems,” F. H. 
Brittain. 
“Investigations of the Influence of the Acoustical Properties of 
Rooms on Stereophonic Sound Reproduction,” J. Jacek Figwer. 
(Continued on p. 282) 


Better than luv Audio-band 
Noise in a Stereo Preamp? 


Peak: © wt: Be 4 


Chore consele 


Only an engineer can fully appreciate the performance 
characteristics and quality of construction offered in Marantz 
equipment. As an example, only the Marantz model 7 Stereo 
Console can give you these features: 


Unique very-iow-noise input circuit. 

Equivalent total noise input, 20-20000 cps: 0.8 uv, typical; 1 av 
max. (total noise, 60 db below 1 mv input where Zgen — 2000 
ohms max.) 

* Noise-selected film resistors in sensitive plate and cathode circuits. 
© Mu-metal shielded, hum-bucking power transformer. 

¢ Hum inaudible through thermal noise, even with RIAA phono curve. 
* Well filtered DC for heaters. 
. 
. 


Carefully designed grounding system for minimum hum. 
Tubes and main assembly on heavy, fully shock-mounted turret 
terminal board. 

© Laced cables. 

* Incremental tone controls accurately resettable in each channel. 
Each step switches individual feedback network, “Flat"’ position 
cuts out reactive components. 

* Hermetically sealed, ganged volume control with better than 2 

db tracking at any setting to -65 db. Attenuation range, 90 db. 

Tape recording and monitoring facilities. 

I.M. distortion, 10 V equiv. pk. RMS, 60-7000 eps 4:1 rati»: less 

than 0.159% (Proportionately less at normal output levels). 

¢ Gain: Phono (RIAA); 64% db @ 1000 cps. Stepup transformers 
not needed. High Level: 22% db. 

¢ 15 Amp power switch. 6 AC line outlets for 1700 watts associated 

equipment. ‘ 

Heavy brushed aluminum panel, finely machined knobs, anodized 

pale gold color. Rack mounting to order in clear anodized aluminum 

finish at slightly higher cost. 

* Every unit completely tested and adjusted to meet specs. Test 
card included. 


Also Supplied Rack M: 


d (Model 7R) 
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The model 8 Stereo Amplifier is a perfect match in standard 
of performance and construction. While many amplifiers 
measure quite well on sine wave test, this has little relation 
to their behavior toward the transient signals encountered 
in musical material. The exceptionally clean overload char- 
acteristics, instantaneous recovery, and unconditional stability 
of the model 8, shows up where it counts—on the loudspeaker ! 
It easily outperforms and outdrives high fidelity amplifiers 
presently available. 


More than 30 watts per channel (over 40 W with selected tubes) 
Silicon power supply includes Sprague 17D (telephone quality) 
Electrolytics for reliability. 

Metered adjustments for both static and dynamic balance. 

Open circuit noise 90 db below rated power. 

Cool-running, conservative operation. 

Harmonic distortion at full rated power—less than 0.1% @ 1000 
eps, 0.5% @ 20 eps, 1% @ 20 ke. Proportionately less at lower 
output. 


| 


_ 
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Write for booklet 41S 
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25-14 Broadway, Long Island City 6, N. Y. 
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Session on Tape and Film Stereophony: 
“Stereophonic Recording on Magnetic Tape,” G. F. Dutton. 
“A New Magnetic Recording System,” A. D. Burt and D. R. 
Andrews. 
“Stereophonic Sound in the Cinema,” J. Moir. 


Session on Stereophonic Broadcasting: 
“A Survey of Stereophony as Applied to Broadcasting,” D. E. L. 
Shorter. 
“A Compressed-Bandwidth Stereophonic System for Radio Trans- 
mission,” W. S. Percival. 
“V.H.F. Transmission of Stereophonic Programs,” J. J. Geluk. 


Session on Stereophonic Gramophone Records (Systems and Record- 
ing): 
“Recent Developments in Stereophonic Disc Recording,” John G. 
Frayne and R. R. Davis. 
“The 45/45 Stereophonic Disc Standards,” G. F. Dutton. 
“The Design of High-Quality Stereophonic Gramophone Pick-Ups 
for Minimum Wear and Distortion,” D. G. Jaquess. 


Mr. Somerville’s paper gave a concise review of the history of 
stereo’s development, defined some terms, and distinguished between 
some methods used to achieve stereo. The British Standards Institu- 
tion definition of a stereophonic sound system was questioned on the 
grounds that it was not sufficiently specific about the aims of stereo. 
The Standards Institution definition is: 

“A sound transmission system in which two or more chan- 
nels are arranged to give the listener an impression of the 
spatial distribution of the sounds.” 

The suggested substitution was: 


“Stereophony is the art or practice of employing two or more 
electroacoustic transducers to give the listener an impression of 
the relative positions in space of a number of sources of sound.” 

The expression “sound stage” was proposed as a term to describe 
the region between the loudspeakers in which the stereophonic images 
appear. 

The expression “coincident microphones” was proposed as a gen- 
eral term to cover such systems as the stereosonic and the M-S, in 
which two microphones occupying the same position in the hori- 
zontal plane are used to pick up stereo “information,” whether “left” 
and “right,” or “sum” and “difference.” 


Not defined in the paper, but used throughout the convention, was 
the expression “wavefront principle,” to apply to systems based on 
the original concept of a line of microphones spaced apart and using 
separate channels to feed a corresponding spaced array of loud- 
speakers. 

Mr. Somerville’s paper further described systems so far used, both 
for theater and domestic presentation, dealing briefly with the dif- 
ferences and similarities between microphone techniques used for 
mono and stereo in each case. Brief reference was made to some 
systems for pseudo-stereophony. 

Mr. Brittain’s paper was a short summary of work on the accuracy 
with which sound can be located subjectively. Mortar-fire sounds on 
Salisbury Plain were located with better than 1° accuracy, although 
the maximum frequency was 50 cps and the maximum energy at 
20 cps. 

The paper further investigated apparent movement of a sound 
image with changes of relative intensity at different frequencies above 
and below the point at which individual cycles are believed to be 
transmitted to the brain by the auditory nerve. The importance of 
minute head movements (as little as 1/10 in.) and of purity of tone 
for sine-wave measurements, was also stressed. 


Finally, the paper mentioned that, while high precision may be 
necessary to achieve exact agreement between original sound and the 
reproduced sound stage, any good quality stereophonic system repre- 
sents an improvement over monophonic. 


Mr. Figwer’s paper summarized and discussed results of measure- 
ments of room properties, using sound pulse techniques derived from 
Moir’s paper [J. Soc. Motion Picture Television Engrs. 57, 147 
(1951) }. 


The discussion on this session focused on a difference concisely 
stated in Prof. Cherry’s remarks: “between interaural and _inter- 
channel time differences anything that happens to the two-channel 
program before the sound wave composite reaches the head consti- 
tutes inter-channel difference—even difference in distance of the lis- 
tener from the two loudspeaker systems; only time differences in the 
same components of the composite sound wave at the two ears con- 
stitutes interaural difference, which is the important factor to the 
subjective effect.” 


Dr. Dutton’s paper in the next session briefly summarized current 
knowledge on the factors responsible for limitations in tape recorder 


performance in frequency response, dynamic range, and mechanical 
handling factors. 


Mr. Burt and Mr. Andrews presented data about the RCA four- 
track system, with details of the cartridge. 


Mr. Moir presented a brief summary-type paper about stereophonic 
sound in the cinema. 


The third session was devoted to stereophonic broadcasting. It 
opened with a paper by Mr. Shorter giving a survey. After out- 
lining the problems of compatibility, it discussed the details of vari- 
ous proposed systems. 


Dr. Percival’s paper, essentially the same as that presented at the 
March 1960 IRE Convention, explained the basis for the coded sys- 
tem he has developed and gave details of the processing circuits he 
has devised to convert conventional stereo (two-channel) program 
material to coded single channel. 


Dr. Geluk’s paper gave an analysis of the utilization of spectrum 
space and thus of relative merit of different methods and circuits, 
applying multiplexed stereo to FM transmissions. 

The discussion on this session consisted mainly of a clarification of 
some differences of opinion. 


The final session on gramophone (phonograph this side of the 
Atlantic) records opened with a paper by Frayne and Davis on recent 
45/45 developments. Dr. Dutton commented on system standards in 
the light of practical operation, and Mr. Jaquess gave a paper on 
pickup design that concentrated mainly on a theoretical analysis of 
distortions associated with various groove and stylus geometry. 


The closing discussion was opened by a question from Mr. Moir 
as to whether or not stereophonic reproduction is worthwhile for 
domestic use. But the discussion widened out into many issues, some 
of which may provide the basis for future work and papers, and 
which may be generally summarized by saying that, while a lot of 
work has been done in this field, there is yet a tremendous amount 
to learn. 


Complete copies of the 68-page supplement may be obtained for 
$2.50, postpaid, sent to The Secretary, The Institution of Electrical 
Engineers, Savoy Place, London, W.C. 2, England. 

NorMan H. Crownurst, 


Consultant 
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DR. EDWARD W. KELLOGG 


It is with deep regret that we report the death, on May 29, of 
Edward W. Kellogg, one of this Society’s most honored members. 
Dr. Kellogg will be greatly missed in professional circles. His dis- 
tinguished work in the field of audio engineering was recognized by 
the Audio Engineering Society in 1938 with the Society’s Progress 
Award, and again in 1953 with the John H. Potts Memorial Award. 
In 1954, he was made an AES Fellow. 


Dr. Kellogg was born in Vineland, New Jersey, spent much of his 
life in the state, and lived until his death in Haddonfield. He was 
graduated from the Engineering College of Princeton, and was elected 
to Phi Beta Kappa. After doing post-graduate work at Cornell 
University, he taught at the University of Missouri, where he spe- 
cialized in telephone engineering. 


Early in his career, Dr. Kellogg worked on submarine detection for 
the General Electric Research Laboratories, and later for GE with 
Chester W. Rice, on the first long-wave receiving antennas, and on 
loudspeakers. This latter work led in 1925 to the development of the 
coil-driven (dynamic) paper-cone speaker, universally used today. 
For General Electric, he developed a magnetic pickup which was used 
unchanged for ten years, and significantly advanced the magnetic 
drive for sound records. When GE transferred their radio and allied 
work to RCA, Dr. Kellogg also went to RCA, where he was in charge 
of engineers working on problems related to motion pictures. After 
retirement he continued as consultant. Dr. Kellogg held more than 
100 patents for his inventions. He was a charter member of the 
Acoustical Society of America and the author of roughly thirty papers 
published in professional journals. 


ANNUAL DUES INCREASED 


The Board of Governors would like to report that the mem- 
bers voted overwhelmingly in favor of increasing membership 
dues effective with this month’s new and renewal memberships. 
Dues will be $10 for Fellows and Members, $8 for Associate 
Members, $5 for Student Members. 


CHIEF RESEARCH CONSULTANT 
U. S. NAVY UNDERWATER SOUND LABORATORY 
FORT TRUMBULL, NEW LONDON, CONNECTICUT 


MISSION AND DUTIES 

The Chief Research Consultant of the Navy Underwater 
Sound Laboratory serves as a scientific expert on all phases of 
problems and programs falling within the scope of the Labora- 
tory’s applied research, development, evaluation and testing 
responsibilities. The Laboratory has an assigned mission to 
conduct research, development, system studies, and engineering 
evaluation in the fields of sonar, radio, radar, infrared and re- 
lated physical sciences and to provide technical assistance and 
consultation to the Forces Afloat, naval shore activities, in- 
cluding other naval laboratories and government contractors 
on problems of mutual concern. 


POSITION AND SALARY 


The position of Chief Research Consultant is authorized by 
Public Law 313. Appointees to Public Law 313 positions ac- 
quire career tenure automatically. The entrance salary may be 
set within the range of $12,500 to $19,000 per year, with the 
most probable entrance salary determination being made at 
$15,000. Entrance salary and final determination of qualifica- 
tions of the applicant selected are subject to approval of the 
U. S. Civil Service Commission. 


QUALIFICATIONS 

Applicants must be professional scientific personnel who have 
attained a high level of competence and national eminence 
which makes them outstandingly qualified to occupy this posi- 
tion. A comprehensive and productive scientific background 
that demonstrates ability of a very high order to advise and 
consult on a research and development program is considered 
of major importance. Successfully completed graduate study 
leading to the Doctor of Science degree, or equivalent, in one 
of the fields of specialization is desirable. 


APPLICATIONS 


Interested persons are invited to submit an application for 
Federal Employment (Standard Form 57) or a resumé to the 
following address: 

Industrial Relations Officer 
U. S. Navy Underwater Sound Laboratory 
Fort Trumbull, New London, Connecticut 

The application or resumé must include data concerning un- 
dergraduate and graduate degrees, honorary degrees, mem- 
bership in national scientific societies, scientific publications, 
patents and any other professional attainments. Following 
review oi all applications, personal interviews will be arranged 
as considered necessary. 


Don’t forget your 
subscription to the 
GRAVESANO REVIEW 


Journal of the Audio Engineering Society, October, 1960 283 


. 
. 


: 
be PR USE A ERS - TTR RA TREE 
the 
re- 7 
re- a 
-_ ee ; 
147 y 
a 
ely " a 
"7 
er- «i 
nel 
sti- F 
-. 
the :" 
on- } c 
the 7 
ent ‘ 
der SS * 
¥ 
oo 
nic a . 
i 
= 
It a 
ut- | : 
uri- * 
the : 
a 
ys- 
he 
am " 
um ; 
its, 
of ESA eae: ESS ee ——_ : 
2 
the 4 
ent 
to: 
on - 
of 4 
oir a 
for : 
me 7 
ind | ee : 
of if 
unt 
for : 
‘ 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING : Thi df 
TAPE SPEEDS OF PLAYERS ss is space reserved for 


AND TAPE RECORDERS YOUR ADVERTISEMENT 


® Immediately indicates off speeds as well as tape slippage. _ p 
© Checks drag brake efficiency, in the January issue 
® Adjustable to varying tape heights. 
® Can be applied directly to moving tape 
® Finest parts and construction used * a 
®@ Diameter accuracy .0002” 
® Calibrated for tape speeds ranging from 1% ips to 30 ips for 
either 50 cycles per sec. or 60 cycles per sec. light source. 
Comes complete in handsome grey and red instrument case. 
Model A: 7%, 15 & 30 ips 
Model B: 3%, 7% & 15 ips 
Model C: 1%, 3%, 74% & 15 ips 
For 50 cycle add $5.00 to price of model. Send check to: 


Scott Instrument Labs., Dept. 806 


17 EAST 48th STREET, NEW YORK 17, N. Y. 
Once you've tried the Tape Strobe, you'll never do without it. 


_ MOST COMPLETE SOURCE FOR 
__ THE PROFESSIONAL TRADE! 


IN STOCK 

BRAND NEW 

MODEL 354 

STEREO PU LTEC 


Professconat PROGRAM EQUALIZERS 


AMPEX SOUND EFFECTS FILTERS 


“= NEW FAIRCHILD 


Professional 
CONAC STEREO 602 


LARGE STOCK 


SERIES 300 and 351 
DUPLICATORS 


MULTI-CHANNELS LIMITER 670 
LaTrst A M P E X MIXER MX35 MONITOR AMPLIFIER 680 


Four position—two —, —_— facilities for stereo or i TRANSCRIPTION TABLES 


COURTEOUS CONSULTATION ¢ ENGINEERING SERVICE « COMPLETE PARTS SUPPLY ACCESSORIES 
SONOCRAFT CORPORATION 1 0 ee 
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WESTINGHOUSE 
INTRODUCES 
TUBE TYPE 7591 


Provides most needed sensitivity 
at high-powered outputs 


New Westinghouse type 7591 is a power 
beam pentode designed explicitly to de- 
liver up to forty-five watts in push-pull 
audio applications. At full output har- 
monic distortion does not exceed 1.5%. 
In the design of new circuitry, this new 
type promises to fill an important need in 
today’s trend to higher output amplifiers 
and to small-enclosure speaker systems 
that require more watts. 
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High output and low distortion are made 
possible by these exclusive Westinghouse 
features: = Plate hot spots are eliminated 
by special .010 copper core plate construc- 
tion resulting in higher plate power dissi- 
pation. # Improved stem design gives bet- 
ter cage stability and improved mechani- 
cal reliability. = Gold plated molybdenum 
lateral wires on #1 grid positively eliminate 
primary grid omission. = Tolerances on 
parts and spacings to 1/2000 in. insure 
greater reliability. You can be sure . . . if 
it’s Westinghouse. 


oF full information, write: Westinghouse Electric Corporation, Electronic Tube Division, Elmira, N.Y. 


7 . fs 
{ °. 
~ 
. 
oy 
: 
. 
: 
4 
. ul 
a . 
ee Blt tah nd > o 
Voge il ae coe s weet ett? es ; 
' |. aS ea << x 
Ae ies... a = 
pest aprere te pepe ees bigest ees sooo 
= = elceeeneieete a ETS 
. Tae weeo ne moar es: ++ =- >a nse es nsemen cel 
ee - a ate at eae een Fe ol 
SS 
e = eee — 
= A—S—==— =n 
: = SS eae : 
ma ———— ee = 
Pall ————SSS aaa aaSS== 
as : RS S== 
—<—<—em } 
. ————————< CES 
cag - <= $e: a ‘ 
<a 
————————oeeES-CrC—“‘“‘“WOO~™O..C CE 
——————S—S—S= Si ™’s'_ svc 
————a———i‘“— CU)UC—CmBULUlUm SO 
—— —+ = , 
— 
—$—$<—$<— ee 
—————— — — ——- ——-- 
———C""= pean = — 
—_ OC = 2 _ 
OEE 
nee : 
SS—_———————_—_——_—_—_— 
———__[_———————_————————— 
=—————————=—=_—======== 
Po SS ——aa 
—S=————=—_———_— 
————————————— 
=S==—_S====== 
=—=—_====== 
———————————— 
==—_—==_===s 
we e—_—_———— — 
————_————————————— — 
S—————S 
S=_=_=_=_=_=_=——=—== 
—————————— oe 
S==_=[_>>>>=>=>== —— 
—— 
— 
————_—_—_—_—_—_—— 
S—S———SS__—_—_—__[[[[[S====—=—=—_ 
een . 
——_—————S—SXSX— 
. 
—S_—_————————— == 
———————S—S—S—S—S—S—S— 
—————————— 
— 
SS_———X—X—X—X—X\ 
———S>S>S>SSSSSSsas=sS=Sp=== 
———————s 
: ————— ————= 
IOSESSSSSSSSSSSS—] 
= — == = 
: nea eee ee ——— _______ —— 
Poineme td Seewees! Be ig Pat om fr —_- 
ae See So ee Se eS 
: a ES Se 
: " eSiatere foe ce see eens eae 
‘ as a Se ne ne peneeea een 
== ie SOE 
= - Dae & a — 
=== ‘Le ee oie nae ——— 
—s eka —— == = 
4 # eee i P+ : = = a = 
—_ a — Oe ago = -”-—_> 
a ae <= * ==> 
<< poe = . ; 
i j <> SSS ea SS 
; "a = omeee a o <r 
——= a ae = aan 
ia ee, t alia 2 = ae = 
; ‘a eee gS A genet: rhe eeercegne reer nares 
= Fo aa RS wa ec cree 
— = a ae : 7 i ac > ab. a a - 
== 2 = = SSS 
=> es == > + See 
Seecoe =-=m Soe Se 
aor eee ee eaten nae eno ae ee 
=> SSS SSS sees 
———- SS SSS ep PETIT Ss. 
Sa a a ete ee 
renee ee. pos aad Lael ae tre 
= ieee Sotebete LEIS 
So aS a ee Se 
ae eee 3 Seo 
feeee At ae ena Scere 
a a ee oe me eon 
a a peeeeenen peepee 
= aT. = 
> i 
em = 
a = 
= me ——— 
—— 3 oS 
—— a . —_—— -_ 
-_-_—_> ——. 
—4 —— = 
= = 
——S ee 
—<——a J 
S= ——_ = — 
= Sx _ 
— : 
——— 
( 


SUSTAINING AFFILIATES 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


Acoustic Resgarcu, INc. 

Artec LANSING CorPORATION 

Ampex CorPoRATION 

Avupio MAGAZINE 

Aupio Devices, Inc. 

Avupio Dynamics CorporATION 

Avupio Fweiry ProressioNaL Propucts, INc. 
Automatic Music, INc. 

Bett TELEPHONE LaAsoratorigs, INc. 

BaritisH INDUSTRIES CORPORATION 

Caprro. Recorps, INc. 

Co_umsiA Recorps, INc. 

COMPONENTS CORPORATION 

DictAPHONE CorPORATION 

FaircHILp CAMERA AND INSTRUMENT CORPORATION 
FaiRcHILD REcorDING EquIPMENT CorPORATION 
Harvey Rapio Company, INc. 

HicuH Fiweuiry MacaZzine 

H. H. Scorrt, Inc. 

INTERNATIONAL BUSINESS MACHINES CORPORATION 
James B. LANnsinc Sounn, INc. 

KNow Les ELEctronIcs, INc. 

McIntosH Lasoratory, INc. 

MEASUREMENTS CORPORATION 

Pickerinc & Company, INc. 

RCA Lasoratories, Rapio CorPORATION OF AMERICA 
fRapio RECORDERS 

Reeves Sounp Srupios, INc. 

Reeves SOUNDCRAFT CORPORATION 

Rex-O-Kut Company 

SHure Broruers, INc. 

Tue R. T. Bozak MANUFACTURING CoMPANY 


7 * 


a A 


4 Ps _ oe 
Sere ae See : a eee Te ina om ea 3 ; 
a oe ay a 


4d daaaaasi 


a Ces saat ee 
res Res f z Cas Ste 
pS oli es - ae a 
ee TS, - pel Ae a at 
oe . oe 1) ie ea ans 
oe OS ee “gee 
Tas: Peas: ae ag ae 
a q eae ee A 
ee Paes Re ee 
g : .. oe = . ry a's “ane 
eae oa an ee es 
i. : 7 BA ay 7 a eo 
ey i a =F e Pe Pa al 
ie eat er ae 
; cS He Maat c ee) 
a2 a > Ss ieee er aL 
7. “a eee e Sige 
- a = eee) Leas cine 
ee a ete a ao 
ae . es: a eat fry 
ee eee a ek Pi 
ey el = aoe 
a ae A taea aS 
FF Se “ a ae Spe |: at ae 
a , a ee i tea 
- d i = Ev ae 
es : ARNIS nt) 
3 = (awed in en 
i: . ae ae led 
oo , NE, ae 
~ a > ee 
‘ ae 7 a - ; 8 
\s * an 7 b. a: sia a 
* ear 
ae - i. aan 
Ce oie 
P. 7 3 - iy " 
= = eer 
tue ae an i ae 
tang. — i 2 . {Sa ie 
i= ae : an 
a we “4 _ Cs “s ay 
7 firs) : Tae < a Bayh Migs 
we ay ‘ of Me aa Aes 
a - iG ape 
al ASS “get a 
| : @ Poe 
ae ite an = ay 
: i Ba tau 
; mat 
dees 
; . ae” 
‘ wer ry 
: : qe: 
P eee” 
C53 Be 
eacicioliipelt we ae 
e ee 
e 
| @) zs | Rava’ 
OA 2 
; 7 Pate o 
| | Tah 
| ————_ | 32 22 ie 5 ve 
——— bee 
—_—__ i par, 
a32 fe 
| i aa i. 
| 4! 5 ivan 
Pete! 
| | . | ap ited 
oo | 8 : 7 
= _ es 
| te 
WL25, 4 | 
BLE ; 16 : 
i 
Being OR a —— 
j ae 
7 a 
7 a 
: a 
a 7 
; hed 
7 ne 
a ~: 
ae 7 
; Pre 
j = 
ig Z 
if oe 
we 
ed 
Pie 
- 
, 7 
\ “ta 
Ke. 
= 
= 
neon - re — Dion P ts 


